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Configuring a Converged User with the “Collaboration Pack 
for CS 1000” using Avaya Aura® Midsize Enterprise 
Solution Release 6.2 and Avaya Communication Server 1000 
Release 7.5 - Issue 1.0 


Abstract 


This Application Note describes the detailed procedures for configuring a Converged User 
with the “Collaboration Pack for CS 1000”. This solution consists of the Avaya 
Communication Server 1000 Release 7.5 and the Avaya Aura® Midsize Enterprise solution 
Release 6.2. In the sample configuration described herein, a Converged User is defined as a 
user having a Communication Server 1000 client and a Collaboration Pack client sharing the 
same Directory Number such that simultaneous ring (SIMRING), a single Avaya CallPilot 
voicemail box and aggregated Presence are enabled for the user. The steps documented in this 
Application Note focus on how these attributes are configured across the solution. 

Avaya Aura® Midsize Enterprise solution is virtualized to a single server which includes a 
flexible SIP-enabled communications platform, messaging, conferencing, centralized 
management and administration tools, and an application development interface. Each 
capability operates the same as when running on its own server. Communication Server 1000 
is a telephony application server used here to provide the Converged User capability. A 
narrow set of client endpoints as well as capabilities of the Avaya Aura solution were tested 
in this sample configuration. _ 
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1. Introduction 

This Application Note describes the procedures for configuring the “Collaboration Pack for CS 
1000” with Avaya Aura® Mid Size Enterprise solution Release 6.2 and Avaya Communication 
Server 1000 Release 7.5. 

“Collaboration Pack for CS 1000” offer is based on Avaya Aura® Midsize Enterprise Release 6.2 
and is used to accelerate the introduction of new collaboration clients to the Communication 
Server 1000 installed base. In this initial offer the collaboration clients tested are Avaya SIP 
clients Flare Communicator for iPad and one-X Mobile (SIP) for iOS. Additional clients and 
capabilities will be added to “Collaboration Pack for CS 1000” over time. 

The notion of a “Converged User” is introduced with the “Collaboration Pack for CS 1000”. A 
Converged User is defined as a user having both a traditional Communication Server 1000 client 
“twinned” with a collaboration client (such as an Avaya Flare Communicator or one-X Mobile 
SIP client). These two endpoints are seen by other users to be associated with a single user. 

They also share a single number for incoming and outgoing calls, single voicemail box via 
CallPilot and a single aggregated presence. 

Avaya Aura ® Midsize Enterprise 6.2 currently supports up to 1,000 users on a single server 
platform that includes virtualized instances of Avaya Aura® Session Manager, Avaya Aura® 
System Manager, Avaya Aura® Communication Manager and Avaya Aura® Presence Services. A 
G430 or G450 gateway is also included as standard with the Avaya Aura® Midsize Enterprise 
6 . 2 . 

The Avaya Communication Server 1000 R7.5 is used to provide advanced telephony capability 
to the Converged User via M3900 series digital sets or 1100 / 1200 series IP sets with UNIStim 
software. PSTN trunks (SIP or ISDN) are also accessed via the Avaya Communication Server 
1000 R7.5. Collaboration Pack for CS 1000 is supported via SIP trunks to either CS 1000M or 
CS 1000E. 


CallPilot 5.0 provides voice mail capability to the Converged User, single voicemail box and 
Message Waiting Indication (MWI). Network Message Service (NMS) capability must be 
enabled on CallPilot. 

Throughout this Application Note the commercial offer, “Collaboration Pack for CS 1000” will 
be abbreviated and referred as “Collaboration Pack or Collab Pack”. Likewise, either an Avaya 
Flare Communicator on iPad or Avaya one-X Mobile SIP for iOS client will be referred to as 
“collaboration client or SIP client”. 

Please complete the following survey to provide feedback on this Application Note. 

https://talktous.avava.com/TakeSurvev.aspx?SurveylD=l44J4n5 
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2. General Test Approach and Test Results 

A reference configuration containing all of the equipment for the Collaboration Pack for CS 
1000 was installed at Avaya Test Labs. A number of tests cases were executed to ensure 
functionality of a Converged User and interoperability between the Communication Server 1000 
and Avaya Aura® Mid Size Enterprise solution; aka the Collaboration Pack. 

The two clients are “twinned” with one another via the Personal Call Assistant (PCA) feature on 
the Communication Server 1000. The PCA feature or “PCA call” provides simultaneous ringing 
(SIMRING) of the two clients in the case of an incoming call to the Communication Server 1000 
client. The user can answer on either client, (Communication Server 1000 client or collaboration 
client on the Collaboration Pack) and the other will stop ringing. In the case of no answer or 
busy, call redirection will occur as defined for the Communication Server 1000 client - this 
could include redirection to a single CallPilot voice mailbox. In the case of an outgoing call from 
the Converged User, in the case of the Avaya SIP client on the Collaboration Pack, the Calling 
Line Identification (CLID) feature of Communication Manager is used to send the CLID 
associated with the Communication Server 1000 client to ensure single number identity. For 
presence aggregation the telephony presence of the Communication Server 1000 client is pushed 
to the Avaya Aura® Presence Services, which also receives/pushes presence updates for the 
collaboration client 

PSTN calling is achieved via the Communication Server 1000 for all clients. This can be via 
ISDN or SIP trunks. 

2.1. Interoperability Compliance Testing 

To verify the interoperability and operation of a Converged User the following features and 
functionality were covered during the testing: 

• Simultaneous ringing for inbound calls 

• Single number for CLID on incoming and outgoing calls 

• Single voicemail box via CallPilot 

• MWI via CallPilot 

• Voicemail navigation for inbound and outbound calls via CallPilot 

• Aggregation of presence status across devices for a Converged User 

• Incoming and outgoing PSTN calls 

• Point to point calls (converged user to converged user) 

• Multiple call scenarios 

• User features such as hold and resume, transfer and conference 

• Caller ID presentation during incoming and call transfers 

• Proper codec negotiation (G711 and G729) 

• E. 164 dialing 

• Presence status during basic call scenarios 

• Call Detail Recording (CDR) on the Communication Sever 1000 

The following was not tested with the Collaboration Pack for Communication Server 1000: 

• Multiple Communication Server 1000 
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• High Availability, Geo-redundancy and Branch solutions 

• 2,400 users capacity of the Avaya Mid Size Enterprise Server 

• MWI, call transfer and conferencing originating from an Avaya Aura® Flare 
Communicator client 

• Off-net call forwarding and mobility (extension to cellular) 

• PRI trunking between Communication Server 1000 and Communication Manager 

• Presence status with a one-X Mobile SIP client 

• ACD agent as a Converged User 

• PSTN calls routed thru the Communication Manager 

• Avaya one-X Communicator for Communication Manager and Communication Server 
1000 

• Avaya 96xx phones 

• Avaya Aura® Conferencing 

• Avaya Aura® Messaging 

• Communication Server 1000 features cannot be supported with Communication 
Manager, e.g. MADN (Multiple Appearance DN), Call Park, Call Pickup, Boss 
Secretary, etc 

2.2. Test Results and Observations 

Testing of the Collaboration Pack was completed successfully with the exception of the 
observations and limitations described below for Converged Users. These items are being 
addressed and updates will be provided as fixes are made available. 

• Call transfers which are initiated from an Avaya SIP client (in the reference configuration 
this was the one-X Mobile client) to a Communication Server 1000 client result in no talk 
path 

• Presence status for Avaya Flare Communicator on iPad as a Converged User does not get 
updated (from “busy” to “unknown”) upon termination of the call from a Communication 
Server 1000 client (the presence is updated if a call is attempted or answered from the 
client) 

• Incorrect Calling Party Name and Number on transferred and conference calls: there are a 
number of different scenarios involving transferred and conference calls where the call 
display is not properly updated to reflect the true connected party on calls that are either 
transferred or involved in a conference call. E.g. after the call transfer was completed the 
tandemed call thru the Communication Server 1000 showed the party that initiated the 
transfer instead of the actual connected party 
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3. Reference Configuration 

The reference configuration described throughout the Application Note is shown in Figure 1. 


Collaboration Pack for 
CS 1000 



CallPilot 


SIP or PR Is 


CS1000 Rls7.5 



CS1000 Node IF' 
135.9.146.54 



135.9.146.208 

AML 


SIP Domain 
us.global.avaya.com 


Unistim 


Flare Communicator 
for iPad, 


11 xx 


AvayaAura ® System Platform 135.9.146.129 

Avaya Aura • Communication Manager 135.9.146.130 


Avaya Aura ® Session Manager 
Avaya Aura ® Utility Server 
Session Manager Security Module 
Avaya Aura ® Presence server 
Avaya Aura ® System Manager 


135.9.146.133 

135.9.146.131 

135.9.146.132 

135.9.146.134 

135.9.146.135 


Figure 1: Reference Configuration 


3.1 Avaya Aura® Midsize Enterprise Solution Components 

Avaya Aura® Solution for Midsize Enterprise Release 6.2 Template delivers the following 
applications as virtual machines running on System Platform 6.2: 

• Communication Manager 6.2 

• Communication Manager Messaging 6.2 

• Session Manager 6.2 

• System Manager 6.2 

• Presence Services 6.1 

• Utility Services 6.2 

• Application Enablement Services 6.1.2 

This Application Note will not cover the software installation of System Platform and the 
loading of the Midsize Enterprise Template. For more information and step by step instructions 
on the software installation of System Platform, the Midsize Enterprise Template and initial 
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configuration for Session Manager, Communication Manager and Presence Server see 

Reference [1] thru [3] in Section 12. 

The screenshot shows the list of the applications installed and running on the server, as seen 
from the Virtual Machine Management screen in System Platform. 
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Note that Application Enablement and Communication Manager Messaging are installed as part 
of the Midsize Enterprise Template, but since this application is not being used during this 
testing, the configuration of this service is not covered in this Application Note. 

The other Avaya components used during this testing are: 

• Avaya G430 Media Gateway 

• Avaya Flare Communicator on iPad 

• Avaya one-X® Communicator Mobile SIP for iOS on iPhone and iPod 

• Avaya CallPilot 202i 

• Avaya Communication Server 1000 IP and digital telephones 

SIP trunks will be created between the Session Manager on the Collaboration Pack and 
Communication Server 1000 to carry outbound and inbound traffic for the collaboration clients. 
Calls destined to the PSTN from collaboration clients will be routed to the Communication 
Server 1000 via Session Manager. 

Outbound calls to the PSTN originating from the collaboration clients will be first processed by 
Collaboration Pack for outbound feature treatment such as automatic route selection and class of 
service restrictions. 
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Note: The Avaya G430 Media Gateway configuration will not be covered in this App Note. 
Please refer to Reference [4] in Section 12 for details. 


3. Equipment and Software Validated 

The following equipment and software were used for the sample configuration provided: 


Equipment 

Software 

Avaya Communication Server 1000E 
running on CPPM server 

Release 7.5, Q+ 

S er vice_Pack_Linux_7.5 0_ 17_20120314. ntl 

Avaya Aura® Midsize Enterprise 
(Session Manager, System Manager 
and Presence) 

6.2 Template 3105 

Avaya G430 

FW 31.22.0 

CallPilot (202i) 

5.0 SU11 

M3904/5 

FW AA94 

1 lxx & 12 xx UNIStim phones 

FW 0625C8F 

Avaya Flare Communicator on iPad 

1.01 

Avaya one-X Mobile SIP for iOS 

1.04 


Table 1: Equipment/Software List 
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4. Configure Avaya Communication Server 1000E 


This section describes the details for configuring Avaya Communication Server 1000E to route 
calls to the Collaboration Pack as well as provide simultaneous ringing to Avaya Aura® SIP 
endpoints via Session Manager over a SIP trunk. It also includes details for configuring 
Presence Services for the Communication Server 1000E. This section does not include 
information on migrating the Network Routing Service (NRS) to Session Manager. Please see 
Reference [5] in Section 12 for these migration steps. 

These instructions assume the Communication Server 1000 has been registered a member of the 
System Manager Security framework. For more information on how to configure System 
Manager to integrate with the Avaya Unified Communications Management application, see 

Reference [7] in Section 12. Note: If the UCM Primary Security Server is currently co¬ 
resident (with CS 1000 applications) that server will be required to be rebuild as a member 
server. 

In addition, these instructions also assume the configuration of the CS 1000 Call Server and 
Signaling Server applications has been completed is configured to support UNIStim (IP) 
telephones, and Digital telephones. For information on how to administer these functions of 
Avaya Communication Server 1000E, see References [6], [7], [8] and [9] in Section 12. 

Using the Avaya Unified Communications Management Element Manager interface, the 
following administration steps will be described: 

• Enable Avaya Unified Communications Management Services in System Manager 

• Launch Avaya Unified Communications Management web interface from System 
Manager 

• Confirm Node and IP addresses 

• Confirm Virtual Trunks and D-Channel 

• Configure SIP Trunk to Session Manager 

• Configure ESN - DSC or Special # route prefix for converging 

• Configure Presence Service # and Presence Publisher 

• Configure Presence Services for all Communication Server 1000 Users 

• Save Configuration changes 

Note: Some administration screens have been abbreviated for clarity. 

Access the web based GUI of Avaya Aura® System Manager by using the URL “http://<ip- 
address>/SMGR”, where <ip-address> is the IP address of Avaya Aura® System Manager. 
Log in with the appropriate credentials. 


4.1. Enable UCM Services in SMGR 
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For the UCM Services link to show up in the Home Console of SMGR first enable Common 
Console and select UCM Configured to “true”. 

1. Home /Services / Configurations / Settings / SMGR / Common Console 

2. UCM configured = "true” 


AVAyA 
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► SPIRIT 
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Common Console 


+ 


Max No of tabs that can opened on the landing page : 

* No Of Rows : 
* Max No of Records Selectable (Table) : 


IS 


100 


1 * UCM Configured : 

1 

true 

1 

1 


* Required 


* 


For the change to take into effect, logout of System Manager and log back-in. Avaya Aura® 
System Manager Home Page will be displayed. Use the Services category on the right side and 
select UCM Services for CS1000 management. 
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The Avaya Unified Communications Management Elements page will open in a new browser 
window. Select the EM Element Name corresponding to “CS1000” in the Element Type 
column. 


AVAyA 


Avaya Unified Communications Management 


Help | Logout 
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4.2. Confirm Node and IP Addresses 

Expand System -> IP Network on the left panel and select Nodes: Servers, Media Cards. 

The IP Telephony Nodes page is displayed as shown below. Click “<Node id>” in the Node ID 
column to view details of the node. In the sample configuration, “1006” was used. 
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Click the Node ID to view or edit its properties. 


Add... Import 


Delete 



The Node Details screen is displayed with additional details as shown below. Make a note of 
the Node IP address, Call server IP address and Signaling Server TLAN IPv4 address fields 
highlighted below as these values are used to configure other sections. 


AVAyA CS1000 Element Manager 


- urn Mptwork P.lanaging: 135.9.139.206 Username: admin 

,, System » IP Network » IPTeleohonv Nodes » Node Details 
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- Electronic Switched Network 

- Flexible Code Restriction 
-Incoming Digit Translation 

- Phones 
-Templates 
-Reports 
-Views 


Select to add v 

Make Leader j Print I Refresh 

PI Hostname ^ 

Type Deployed Applications ELAN IP 

■TLAN IPv4 

Role 

□ cslknse-cppm 

Sianalina Server 135.9 139205 

Publisher, IP Media Services 

135.9.146.53 

Leader 

Show: 




Note: Only server(s) that are not part of any other IP telephony node and deployed application(s) that match the service(s) selected for this node are 
available in the servers list. 


< 


> 
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4.3. Confirm Virtual D-Channel, Routes and Trunks 

Avaya Communication Server 1000E Call Server utilizes a virtual D-channel and associated 
Route and Trunks to communicate with the Signaling Server and Session Manager. This section 
describes the steps to verify that this administration has already been completed. 


4.3.1. Confirm Virtual D-Channel Configuration 

Expand Routes and Trunks on the left navigation panel and select D-Channels. The screen 
below shows all the D-channels administered on the sample configuration. 


AVAyA 


CS1000 Element Manager 


- UC M N et'.vork S en/i c e s 

- Home 


Managing: 135.9; 139.206 Username: admin 
Routes and Trunks x> D-Chann&ls 


- Links 

-Virtual Terminals 

- System 
+ Alarms 

- Maintenance 

+ Core Equipment 

- Peripheral Equipment 

- IP Network 

-Nodes: Servers. Media Cards 
-Maintenance and Reports 

- Media Gateways 
-Zones 

- Host and Route Tables 

- N etwo rk Ad d re s s T ra n s I ati o n ( N ■ 

- QoS Thresholds 

- Personal Directories 
-Unicode Name Directory 

+ Interfaces 

- Engineered Values 
+ Emergency Services 

+ Geographic Redundancy 
+ Software 


- Customers 


D-Channels 


Maintenance 

D-Channel Diagnostics (LD 96} 

Network and Peripheral Equipment (LD 32. . irtual D-Channels) 
1.1 SDL Diagnostics (LD 96; 

TI.1D1 Diacmostics [LD 96; 

D-Channel Expansion Diacinosties (LD 43; 


Configuration 


Choose a D-Channel Number: 


0 

V 

and type: 

DCH 

V 

to Add 


Channel: 3 

Type: DCH 

Card Type: TMDI 

Description: FDRtobeta 

Edit 

Channel: 15 

Type: DCH 

Card Type: DC IF 

Description: SIFLine 

Edit 


- Routes and Trunks 

- Routes and Trunks 

| - DbChannejs | 

- Digital Trunk Interface 


In the sample configuration, there is a single D-channel assigned to “Channel: 15” with “Card 
Type: DCIP” Specifying “DCIP” as the type of channel indicates the D-channel is a virtual 
D-channel. 

4.3.2. Confirm Routes and Trunks Configuration 

In addition to configuring a virtual D-channel, a Route and its associated Trunks need to be 
administered. 


Ensure this route and trunk member’s route to the Session Manager Asset IP address for SIP 
traffic. 


Expand Routes and Trunks on the left navigation panel and select Routes and Trunks (not 
shown) to verify a route with enough trunks to handle the expected number of simultaneous calls 
has been configured. 
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As shown in the screen below, “Route 100” has been configured with 32 trunks which indicate 
the system can handle 32 simultaneous calls out to Session Manager over SIP. 

Managing: 135.9.139.206 Usern a me: ad min 

Ruutes and Trunks :•> Routes and Trunks 


Routes and Trunks 


Customer 0 Total routes: 3 

Total trunks: 37 

Adel 

route 

+ Route: 3 Type: DID 

+ Route: 10 Type: TIE 

Description: S1PTOBETA 

Edit 

Add trunk 



Description: SIPLINE 

Edit 

Add trunk 

- Route: 100 Type: TIE 

Description: S1FTOME 

Edit 

Add trunk 

+ Trunk: 1 - 32 Total trunks: 32 


Select Edit to verify the configuration. 

The details of the virtual Route defined for sample configuration is shown below. Verify “SIP 
(SIP)” has been selected for Protocol ID for the route (PCID) field and the Node ID of 
signaling server of this route (NODE) and D channel number (DCH) fields match the values 
identified in the previous section. 
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Customer 0. Route 100 Property Configuration 


-Basic Configuration 


Route data block (RDB) (TYPE) : 
Customer number (GUST) : 


RDB 


00 


Route number (ROUT) : 




Designator field for trunk (DES) : 

SIP TO ME 


Trunk type (TKTP) : 

Incoming and outgoing trunk (ICOG) : 

Access code for the trunk route (ACOD) : 

TIE 

Incoming and Outgoing (IAO) 

v 

79100 

- 


Trunk type M911P (f, 191 IP; : 
The route is for a virtual trunk route (VTRK) : 

-Zone for codec s election and bandwidth 

m a n a ci e m e nt (ZO N E): u u 

Node ID of signaling server of this route 

(NODE): 


1006 


(D-99S9) 


- Print correlation ID in CD R for the route , 

(GRID) : U 

Integrated services digital network option (ISDN) : 0 


- Mode of operation (MODE) : 

Route uses ISDN Signaling Link (ISLD) v 

- D channel number (DGH) : 

15 


0-254) 

- Interface type for route (IFC) : 

Meridian Ml ( SL 1 


V 

- Private network identifier (PNI): 

00000 

(0- 32700) 


- Network calling name allowed (NONA) : 0 

- Network call redirection (NCRD) : □ 

Recognition of DTI2 ABCD FALT signal for ISL 

(FALT) : U 


-Channel type (CHTY) : 

Call type for outgoing direct dialed TIE route 

(CTYP) : 

- Insert ESN access code (INAC) : □ 
- Integrated service access route (ISAR) : □ 
- Display of access prefix on GLID (DAPC) : □ 
- Mobile extension route (MBXR) : [ 


B-channel (BGH) 


Unknown Call type (UK'vVN) 


-Mobile exte nsion o utg oing typ e (1 .1 BXOT) : N ati o n a I n u m b e r ( N PA) 


4.4. Configure SIP Trunk to Avaya Aura® Session Manager 


Expand System - IP Network - Nodes: Servers, Media Cards. 

Select “1006” in the Node ID column (not shown) to edit configuration settings of node. 

Using the scroll bar on the right side of the screen, navigate to the Applications section on the 
screen and select the Gateway (SIPGw) link (not shown). 
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On the Node ID: 1006 - Virtual Trunk Gateway Configuration Details page, confirm the 
following values and use default values for remaining fields. 

• SIP domain name: Enter name of domain. 

In the sample configuration, 
“us.global.avaya.com” was used. 


• Local SIP port: 

• Gateway endpoint name: 

• Application node ID: 


Enter “5060” 

Enter descriptive name 
Enter “<Node id>”. 

In the sample configuration, “1006” was used. 


The values defined for the sample configuration are shown below. 


w ji u k u i ■ i w ii iiukirviiH iv ■- ■- n - 1 - ir. m ■ n k u u i i u i i i% w u ku i i u " v v i i i y u i u k ■ v i i 

Node ID: 1006 - Virtual Trunk Gateway Configuration Details 


General | SIP Gatewa. Settings | S : Gatewa Se :s 


General 


Vtrk gateway application: 0 Enable gateway service on this node 


Virtual Trunk Network Health Monitor 


Vtrk gateway application: SIP Gateway (SIPGw) 


SIP domain name 
Local SIP port 
Gateway endpoint name 


us.global avaya com 


5060 


Ml - 65535) 


node 1006 


Gateway password: 



Application nods ID 

1006 

* (0-9399) 


O Monitor IP addresses (listed below) 

Information will be captured for the IP addresses listed 
below. 


Monitor IF 


Add 


Monitor addresses: 


Remove 


Scroll down to SIP Gateway Settings - Proxy or Redirect Server: section of the page. 
Under Proxy Server Route 1: section, enter the following values and use default values for 


remaining fields. 


• Primary TLAN IP address: 

Enter IP address of the Session Manager SIP 
signaling asset “135.9.146.133” 

• Port: 

Enter “5060” 

• Transport protocol: 

Select “TCP” 

Note: TCP was used for the sample configuration. 


However, TLS would typically be used in 
production environments. For more information on 
configuring the system to use TLS, see Reference 
[5] in Section 12. 

The values defined for the sample configuration are shown below. 


CT 

062012 


©2012 Avaya Inc. All Rights Reserved. 


17 of 101 
CollabPackCS1000.doc 












































Node ID: 1006 - Virtual Trunk Gateway Configuration Details 


General | SIP Gatewa. Settings 1 :-A Gatewa Sep :en 


Port: 5060 


(1 - 65535 ; 


Transport protocol: 


TCP 


Proxy Or Redirect Server: 

Proxy Server Route 1: 


F ri m a ry T LAN I F a d d re s s: 


135.0 146 133 


The IP address can have either IP.-4 ar IPv6 format based on the value of TLAN 
address type" 


Port: 


5060 


(1 -65535) 


Transport protocol: TCP v 


Options: □ Support registration 
] Primary CDS proxy 


Secondary TLAN IF address: 


0 . 0 . 0.0 


The IP address can have either IPv4 or IPv6 format based on the value of' i LAN 


A 


Click Save on the Node Details screen (not shown). 

Select Transfer Now on the Node Saved page as shown below. 


Managing: 135.3.139.20-6 Username: admin 

System :■> F Network *■ P~eleohonv Nodes » Node Saved 


Node Saved 


Node ID 1005 has been saved on the call server. 


The new configuration must also be transferred to associated servers and media cards. 


Transfer Now... 


f ou will be given an option to select individual servers, or transfer to all. 


Show 1 Nodes 


You may initiate a transfer manually at a later time. 


Once the transfer is complete, the Synchronize Configuration Files (Node ID <id>) page is 
displayed. 
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Managing: 135.9.139.206 Username: admin 

System b P Network b J Telephony Nodes » Synchronize Con figuration Piles 


Synchronize Configuration Files (Node ID <1006>) 


Note: Select components to synchronize their configuration files with call server data. This process transfers server INI files to selected 
components, and requires a restart* of applications on affected s erven si when complete. 


Start Sync Cancel Restart Applications 

Print 1 Refresh 



PI Hostname Type 

Applications Synchronization Status 

LTPS, Gateway, PD, 

cslknse-cppm Signaling_Server Presence Publisher, 

IF Media Services 

Sync required 


fcf Application restart is only required for initial system configuration or if changes have been made 
P323 Gateway settings, network connectivity related parameters like ports and IP address, enablin 

o general LAN configurations, 
l or disabling services, or addi 

SNt P settings, SIP and 
or removing application 


servers. 


Enter Jd associated with the appropriate Call Server and click Start Sync. The screen will 
automatically refresh until the synchronization is finished. The Synchronization Status field 
will update from Sync required (as shown) to Synchronized (not shown). 

After synchronization completes, click Restart Applications to use new SIP Gateway settings. 


4.5. Configure ESN for Route List Index and Digit Manipulation 

This section provides the configuration of the routing used in the sample configuration for 
routing calls over a SIP Trunk between the Communication Server 1000 on the one side and 
Session Manager on the Collaboration Pack. 


Note: The CS1000 Dialing plan and Collaboration Pack routing with adaptations will normalize 
the dial plan allowing Convergence of User endpoints. The routing rules defined in this section 
are an example and were used in the reference configuration. Other routing policies may be 
appropriate for different customer networks. 

Step 1 : Create Route List Index 

Expand Dialing and Numbering Plans on the left navigational panel and select Electronic 
Switched Network. 

Select Route List Block (RLB) 
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The Route List Blocks screen is displayed. Enter an available route list index number in the 
Please enter a route list index field and click to Add as shown below. 


Manag ng: 1 35.9.139.206 Username: adnr n 

Dia ng and Numbering D lans » Electronic Sw^ched Network |E£N; 


:«} Customer 33 » Network Control 3 Services 


Rou:e List Blocks 


Route List Blocks 


Please enter a route list index 

100 

,« fi 1 qqq \ 

i i- 1 1 1- 8 1-® i-® j> 

to Add 






Under the Options section, select “<Route id>” of the route identified in Section 4.3.2 in the 
Route Number field and use default values for remaining fields as shown below. 
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Route List Block 


General Properties 


N li m b e r of Alte rn ate R o uti n g Atte m pts: 5 


Initial Set: 0 


( 1-10 } 
{ 0 - 64 } 


S et 1 .1 i n i m u m F a ci Iity R e stri cti o n L eve 1 : [l 

Overlap Length: 


{0-24} 


Extended Local Galls: 


Route List Index: ^ 

E ntr■ Num b er tor the R oute List: 0 


{0-03 } 


Indexes 


Time of Day Schedule: 0 


F a ci I ity R e stri cti o n L eve 1: 0 


{ o - 7 } 


D i g it M anipul ati o n I n d ex: 100 v 
ISL D-Channel Down Digit Manipulation Index: 

Free Calling Area Screening Index: 

Free Special Number Screening Index: 


f| iqoq \ 

'l I S_- J* 


[I V 


o v 


Business Network Extension Route: 


Incoming CUD Table: 0 


{ 0-1 } 


Options 


Local Termination entry: 


Route Number: 

100 

V 



Skip Conventional Signaling: □ 
D i s p I ay 0 ri g i n ato t s I nfo rm ati on: □ 
Use Tone Detector: 
Conversion to LDN: □ 
Expensive Route: 


Strate gy o n C o n g esti o n : Re ro Lite Al I ( R RA) 


QSIG Alternate Routing Cause 1 

V 


Preferred Route 1 

v 




Drop Eack Disabled (DBD) 

V 


Click Save (not shown) to save new Route List Block definition. 
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Step 2: Create Distant Steering Code 

This Digit string will be used as the new unique “Converged Route Prefix” in each CS1000 
Users PC A to route calls to the Collaboration Pack via the Session Manager. 

Expand Dialing and Numbering Plans on the left and select Electronic Switched Network. 
Select Distant Steering Code (DSC) under the Coordinated Dialing Plan (CDP) section on the 
Electronic Switched Network (ESN) page as shown below. 


Select “Add” from the drop-down menu and enter the dialed prefix for external calls to be routed 
over SIP trunk to Session Manager in the Please enter a distant steering code field. For the 
sample configuration, “23” was used since SIP endpoints registered to Session Manager were 
assigned extensions starting with “23”. Click to Add as shown below. 


Managing: 135.9.135.206 Usern a me: a d min 

Dialing and Numbering Plans » Electronic Swfechsd Network (ESN; » Customer 00 » Coordinated Dialing Plan (CDP; » Distant Steering Code List 


Distant Steering Code List 


Add v 


Please enter a distant steering code 


23 


to Add 


Select the Flexible Length of number of digits to be “7”. This DSC is routed to the Route 
(RLI) 100 built in the step above. 

Enter the following values and use default values for remaining fields. 

• Flexible Length number of digits: Enter number of digits in dialed numbers 

In the sample configuration, “7” was used. 

• Route List to be accessed for 

trunk steering code: Select “<id>” of Route List Index to be “100”. 


Click Submit to save new Distant Steering Code definition. 
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Managing: 135.13.133.2iiS U sern a me: a d min 

D a ng and Numbering Plans » EIs-ctro n ic S \v itch sd N st w ork {ES N j » Customer 00 » Coordinated Dia ng P an (CDP; » Distant Steering Cods List » Distant Steering Code 


Distant Steering Code 


Distant Steering Code: 
Flexible Length number of digits: 

Display: 


23 


: o - io j 


Local Steering Code (LSC) 


Remote Radio Paging Access: 
Route List to be accessed for trunk steering code: 

Collect Call Blocking: 
Maximum 7 digit MPA code allowed: 
Maximum 7 digit NXX code allowed: 


□ 



4.6. Configure Avaya Communication Server 1000 Presence Services 

To configure Presence Services with Communication Server 1000 follow Reference [10], [11] 
and [12] in Section 12. Please consider the following additional configuration information. 

Note : System Manager SP2 is required for this procedure. 

4.6.1. TLS & Certificates section 


Replacing the Session Manager default certificate: 

In the document referenced above in the specific section titled “TLS configuration between CS 1000 and 
Session Manager”, the Common Name is defined as the “Fully Qualified Domain Name” of the Session 
Manager. 

Need to replace the Session Manager default certificate as it uses a hard coded Common Name. 

1. In System Manager, navigate to Elements > Inventory. 

2. In the navigation tree, click Manage Elements. 

3. In the Entities section, select a Session Manager instance. 

4. From the More Actions menu, click Configure Identity Certificates. 

5. Click security module, and click the Replace. 

6. Click Replace this Certificate with Internal CA Signed Certificate. 

7. Complete the fields for Common Name, Organization Unit, Organization, 

Country, and click Key Algorithm and Key Size. 

8. Verify your data, and click Commit. 

Common Name is defined as Fully Qualified Domain Name (FQDN) of your Session Manager asset, 
e.g. C=US , O -Avaya, CN=gmi-alphame-asset.global2.avaya.com 

To change the Certificate Common Name Identify navigate from the Home page to: 

Inventory - Manage Elements - Select Session Manager - More Actions - Configure Identity 
Certificate 
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Home /Elements / Inventory / Manage Elements 


Manage Elements 


Elements 


View 


Edit 


New 


Delete 


More Actions T 


1.8 Items Refresh Show 


15 


□ 



Configure Trusted Certificates 


Configure Identity Certificates 

—t 


Import 


Name 


Configure Identity Certificates] 


Type 


□ 

135.9,139.206 

135.9.139.206 

UCMApp 

□ 

135,9,139.207 

135.9.139.207 

UCMApp 

□ 

Corporate Directory 

135.9.146.135 

UCMApp 

□ 

cslknse-cppm.glcbal2.avaya.com [member] 

135.9.146.53 

UCMApp 

□ 

EM on cslknse-cppm 

135.9.139.206 

UCMApp 

□ 

gmi-alphame-aes 

135.9.146.136 

Application 

Enablement 

Services 

□ 

g mi-alpha me -cm 

135.9.146.130 

Communication 

Manager 

□ 

gmi-alphame-cm-Messaging 

135.9.146.130 

Messaging 

□ 

gmt- alpha me-pres 

135.9.146.134 ***_ 

Presence Services 

0 

gmi-alphame-sm 

135.9.146.132 

Session Manager 


Inventory - Manage Elements - Select Session Manager - More Actions - Configure 
Identity Certificate - Select Security Module 
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Home /Elements / Inventory / Manage Elements 


Identity Certificates 


Identity Certificates 


Replace 


Export 


Renew 


3 Items 

Refresh 






Service Name 

Common Name 

Valid To 



o 



smmgmt 

Sat Mar 3S 

15:56:27 

MST 2014 

® ■ 



security module 

Wed Apr 09 

12:53:13 

MDT 2014 

o 



spiritalias 

Sat Mar OS 

15:56:40 

MST 2014 

Select : 

None 







Note as seen in the screen shot above the Certificate Details the Common Name. 


4.6.2. Change Session Manager Access Point Address: 

This change is required for the trust management between Session Manager and Communication 
Server 1000. The Midsize Enterprise template is inserting by default the local host but this must 
be changed to the Session Manager IP address. To make this change navigate from System 
Manager Home to: 
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Inventory Manage Elements Select your Session Manager -> Edit -> Access Point . 


Manage Elements 


Elements 


View 


Edit 


New 


Delete 



More Actions ' 


18 Items Refresh Show 


15 * 


□ 


Name 

Node 

Type 

Version 


135.9.139.206 

UCMApp 

135.9.139.207 

UCMApp 

135.9.146.135 

UCMApp 

135.9.146.53 

UCMApp 

135.9.139.206 

UCMApp 

135.9.146.136 

135.9.146.130 

Application 

Enablement 

Services 

Communication 

Manager 

135.9.146.130 

Messaging 

1 I: — 


■_^vi ilv — a ■_ vi ■_ ■ _: 

135.9.146.132 . 

A 


Session Manager 

135.9.146.135 

UCMApp 

135.9.146.135 

UCMApp 

135.9.146.135 

UCMApp 

135.9.146.135 

UCMApp 

135.9.146.135 

UCMApp 


□ 135.9-139.206 

□ 135.9.139.207 

□ Corporate Directory 

cslknse-cppm global2.avaya.com (member) 

EM on cslknse-cppm 

gmi-alphame-aes 

gmi-alphame-cm 
gmi-alphame-cm -Messaging 
gmi-alphame-pres 
gmi-alphame-sm 

g mi-alpha me-smgr global2.avaya.com (primary) 

□ IPSec 

□ Numbering Groups 

| | Patches 

□ Secure FTP Token 


Edit the Host from “localhost” to the Session Manager IP address. For the reference 
configuration this is“135.9.146.132”. Select Save then Commit. 
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Name 

Access Point Type 

Protocol 

Host 

Port 

© 

Session Manager 

TrustManagement 

jnp 

135.9,146.132 

1299 

select None 






Access Point; Details 


* Name Session Manager 


Access Point Type 
* Container Type 


JBOSS 

V 



* Protocol 




1 * Host 

135.9.146.132 


1 


* Port 

1299 




Path 

None 



* Order 


0 


Description 


Save 


Cancel 


4.6.3. Verify Communication Server 1000 UCM Security Certificates: 

For Communication Server 1000 clients to push presence updates to Presence Services they need 
to communicate over SIP TLS. 

Need to confirm the CS1000 Endpoint Details - Certificate Service Profile - SIP TLS is 
signed. See the screen shot below. 

Navigate to UCM Services - Security - Certificates 

Select Linux Base as element type to view Endpoint Details. See screen shot below. 
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AVAyA 


Avaya Aura© System Manager 6.2 


Network 
Elements 
CS 1000 Services 
Corporate Directory 
IPSec 

Numbering Groups 
Patches 
SNMP Profiles 
Secure FTP Token 
Software Deployment 
User Services 

Administrative Users 
External Authentication 
Password 
Security 
Roles 
Policies 
Certificates 
Active Sessions 


Host Name: gmi-alphame-smgr.global2.avaya.com Software Version: 02.20_SMGR-SNAPSHOT(5167) User Name admin 

Certificate Management 

Distribute and maintain Web SSL and SIP TLS security certificates, and manage the Private Certificate Authority. 


Search 


Reset 


Certificate Endpoints 


Private Certificate Authority 


Display the details of a certificate endpoint by selecting the radio button associated with that endpoint. When multiple logical elements res 
on a single base server, only the base endpoint is shown. 


Endpoint Address 

Element Type 

Element 

Marne 

Number of Service Profiles 

1 0 135.9.146.53 

Linux Base 

cslknse 

cppm.global2.avaya.com (memb.. 

4 

2 0 135.9.146.135 

Base OS 

gmi-alphame-smgr.global2.avaya.com (pr.. 

4 


Endpoint Details 

Details forthe selected endpoint. 


Certificates 


Service Profile 

Status 

Friendly name 

Expiration date 

1 

Default Certificate 

signed 

cs1knse-cppm.global2.avaya.com 

Mar 24, 2022 

2 

DTLS 

none 



3 

WSt? SSL 


I 


LL 

SIP TLS 

signed 

^GMFCSI^J 

Apr 7, 2022 


Certificate Authorities 


Add... 


Friendly name 

Expiration date 

Trusted 

Issued by 

Last CRL Update 

-l O default 

Mar 6. 2022 

yes 

/CN=default/OU=MGMT/0=AV... 


| 2 O gmi-alphame-smgr.. 

. Feb 1,2035 

yes 

/0=AVAY.A/ST=ON/L=BVW/C=... 

^p^^OI^ 


4.6.4. Communication Server 1000 Presence User Agent Configuration: 

To enable Presence Services on the Communication Server 1000 the following is required to be 
configured. For detailed steps please refer to Reference [13] in Section 12. 

The following Communication Server 1000 attributes are required to be configured: 

• ELAN AML 

• VAS ID 

• ACD DN 

• CDN 
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The ELAN AML Link can be configured via LD17 or via System Manager. 

Navigate to UCM Services - Interfaces - Application Module Link. For the reference 
configuration, port number “32” and Description “Presence”. 

AVAyA CS1000 Element Manager 


- UCM Network Services 

- Home 

- Links 

-Virtual Terminals 

- System 
+ Alarms 

- Maintenance 

+ Core Equipment 
-Peripheral Equipment 
+ IP Network 
-Interfaces 

- Application Module Link 

-Value Added Server 

- Property Management System 

- Engineered Values 
+ Emergency Services 

+ Geographic Redundancy 
+ Software 

- Customers 

- Rnntp*; and Trunks 


Managing: 135.9.139.206 Username: admin 

System » Interfaces » Application Module Link » New Application Module Link 


New Application Module Link 


* Required value. 


Port number: 32 


<ie -i; 


AML over ELAN 


Description: 


Presence 


Link control system parameters 


I 


To configure VAS ID for AML please follow the following steps in LD17. 


Command/Prompt 

Command/U ser 
Response(s) 

Description 

REQ 

CHG 

Change AD AN 

TYPE 

VAS 


VAS 

New 

New a VAS 

VSID 

vasID 

The VAS ID number - e.g. “32” was used for 
the reference configuration. 

ELAN 

ELAN# 

ELAN number, should match the one 
configured in previous step, e.g. “32” was used 
for the reference configuration. 
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To configure ACD DN please follow the following steps in LD23. 


Command/Prompt 

Command/U ser 
Response(s) 

Description 

REQ 

New 

New ACD 

TYPE 

ACD 


CUST 

custNum 

Customer number 

ACDN 

Xxxx 

An ACD DN to be used when configuring the 
CDN (PSDN) for Presence, e.g. “5000” was 
used for the reference configuration. 


To configure CDN please follow the following steps in LD23. 


Command/Prompt 

Command/U ser 
Response(s) 

Description 

REQ 

New 

New CDN 

TYPE 

CDN 


CUST 

custNum 

Customer number, e.g. “0” was used for the 
reference configuration. 

CDN 

Xxxx 

A number to be used by the Presence Publisher. 
This CDN is used within the ACD 5000 as the 
PSDN for each CS1000 user. e.g. “3000” was 
used for the reference configuration. 

This # must be fit into your Communication 
Server 1000 overall dialplan. 
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CDSQ 

Yes 

This needs to be “yes”, so the presence activity 



is sent to PP. 


DFDN Xxxx ACD DN 5000 configured in the table as above. 


4.6.5. Configure Presence Publisher to Session Manager 


The following configuration is to enable the publishing of Presence updates for Communication 
Server 1000 endpoints. 

Navigate to UCM Services - EM - IP Network - Nodes: servers, Media Cards-Node 1006 

Using the scroll bar on the right side of the screen, navigate to the Applications section on the 
screen and select the Presence Publisher link. 


- UCM Network Services 

- Home 

- Links 

irtual Terminals 


Managing: 135.9.139.206 Username: admin 

T^JYiur 1 -- Nodes » Nods Details 


Node Details (ID: 1006 - SIP Line, LTPS, PD, Presence Publisher, Gateway ( SIPGw)) 


- System 
+ Alarms 

- Maintenance 

+ Core Equipment 

- Peripheral Equipment 

- IP Network 

- Nodes: Servers, Media Cards 

- Maintenance and Reports 
-Media Gateways 
-Zones 

- Host and Route Tables 

- N etwo rk .Ad d ress lira n s I ati o n ( N.■ 

- QoS Thresholds 

- Personal Directories 

- Unicode Name Directory 


G ate way IF address: 1 Jb. ,9.13 9 .2 54 


Subnet mask: 


255 . 255 . 254.0 


IP Telephony Node Properties 

* oice Gatewa. jVGW) and Codecs 

* Qualit. of Service £QoS] 

* LAN 

* SNTP 

* Numbering Zones 

* I, ICON Aternative Routine: Treatment 1.1 ALT: Causes 


Node IPv4 address: 135.9.146.54 


Subnet mask: 


255 . 255255.0 


Node IPv6 address: 


Applications [click to edit configurati 

* S1F Line 

* T e run i n a I F roxv S e r . e r {T P S: 

* Gatewa. • SIPGw. 

* Presence Publisher 

riTTTriTTTTmrT^" 


Enter in the following for the fields below shown in the screen shot. Note these are used for the 
reference configuration. 

• Presence Publisher: Enable 

• Type : Aura PS 

• IM and Presence server FQDN: Enter the domain of the presence service, (not the 
FQDN of the Presence server, “pres.ips.avaya.com” 

• Presence Server IP: IP address of the Presence Service, “135.9.146.134” 

• Port: 15061 

• SIP Transport: TLS ( TLS must be used for Presence ) 

• Presence Publisher SIP Port: 5080 (sip port must be unique to the CS1000 over the 
virtual trunk) 

• Presence Publisher TLS Port: 5061 

• Security Policy: Best Effort 
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Node ID: 1006 - Presence Publisher Configuration Details 


Presence Publisher: 0 Enable presence publisher service 
1.1 a n d F re s e n ce s e rve r typ e : Au ra p S v 


* 


Presence Application Settings 

IM and presence server FQDN: 

Presence Server 

IM and Presence server IP: 


pres.ips.avaya.c 


135.9.14G 134 


The IP address can have either IPv4 or IPv6 format based on the value of'TLAN 
address type' 


Port: 

SIP transport: 
Presence publisher SIF port: 
Presence publisher TLS port: 

Security policy: 
Number of byte re-negotiation: 


15061 


TLS v 


5080 


5081 


* (1 - 65535} 

* (1 - 65535} 

* (1 -55535) 


Bast Effort 

V 

0 

V 



Enter in the following for the fields below shown in the screen shot. Note these are used for the 
reference configuration. 

• Outbound Proxy: Session Manager asset sip service IP address, “135.9.146.133” 

• Port: 5061 

• Transport: TLS 

• Secondary: 5061, TLS can be used as secondary transport to Session Manager 

• Call Server Settings: 

Customer: 0 - Select the CS 1000 customer # 

PSDN : Service # (DN) the CDN built of the publisher user agent built in above 
section which is “3000”. 
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] x5Q9 Certificate authentication enabled 


Outbound Proxy Server 

Primary' outbound proxy IP: 




Call Server Settings 


135 . 9 . 146.133 


The IP address can have either IPv4 or IPv6 format based on the value of TLA.N 
address type" 


Port: 


SIP transport: 


5061 


*(1 - 6 5 535 ) 


TLS v 


Secondary outbound proxy IP: 


135 . 9 . 146.133 


The IP address can have either IPv4 or IPv6 format based on the value of TLAN 
address type" 1 


Port: 


SIP transport: 


Customer number: 


5061 


(1 - 65535 } 


TLS v 


0 


Presence service DM [PSDNJ: 


3000 


Click Save on the Node Details screen (not shown). 

Select Transfer Now on the Node Saved page as shown below. 


Managing: 135.9.139.206 Username: admin 

System » 15 N etwork » s ~elep h o n y N od es » Node Saved 


Node Saved 


Nod e I D: 1 00 6 has b een save d on the call se rv e r. 


The new configuration must also be transferred to associated servers and media cards. 


Transfer Now... 


■'ou will be given an option to select individual servers, or transfer to all 


S h ow N o d e s Yo u m ay i n iti ate a tra n sf e r m a n u ally at a I ate r ti m e. 


Once the transfer is complete, the Synchronize Configuration Files (Node ID <id>) page is 
displayed. 
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Managing: 135.9.139.206 Username: admin 

System b P Network b J Telephony Nodes » Synchronize Con figuration Piles 


Synchronize Configuration Files (Node ID <1006>) 


Note: Select components to synchronize their configuration files with call server data. This process transfers server INI files to selected 
components, and requires a restart* of applications on affected s erven si when complete. 


Start Sync Cancel Restart Applications 

Print 1 Refresh 



PI Hostname Type 

Applications Synchronization Status 

LTPS, Gateway, PD, 

cslknse-cppm Signaling_Server Presence Publisher, 

IF Media Services 

Sync required 


fcf Application restart is only required for initial system configuration or if changes have been made 
P323 Gateway settings, network connectivity related parameters like ports and IP address, enablin 

o general LAN configurations, 
l or disabling services, or addi 

SNt P settings, SIP and 
or removing application 


servers. 


Enter Jd associated with the appropriate Call Server and click Start Sync. The screen will 
automatically refresh until the synchronization is finished. The Synchronization Status field 
will update from Sync required (as shown) to Synchronized (not shown). 

After synchronization completes, click Restart Applications to use new SIP Gateway settings. 


4.6.6. Configure Presence Services for all Communication Server 1000 
Users 

To enable Presence Services for each Communication Server 1000 user phone the following 
features must be configured as follows: 

1. Presence Allowed (PREA) = “Allowed” 

2. Services DN (PSDN) = “3000” 

Navigate to UCM Services - Elements - EM-Phones. Select “Customer”, Value “0” then 
choose all the phone types that are to be configured. Select More Actions “Edit”. 
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Manag ng: EM an •C5tkn5-g-sppmitl35.9.l33.2-iljl 
Eea r -Dn fo r Ftione 


Search For Phones 


C r te-5: 


Customer 


'*5 



Phones Found (29; 


_|_| r ^i S' 

I . J'J . . . 


I m port. 


Retrieve... 




1 0 
20 

3 0 

4 0 

5 0 
e 0 
70 
30 
9 0 

10 0 


:ystomef 


TN 

*B6 o :c y. 

096 Q 00 1 07 
096 Q 00 21 

:?;€; v: 29 

096 Q 03 00 

096 0 00 11 
096 Q Vi 16 
■396 Q Vi 27 

096 Q Cm to 

■:« 0 oa cl:. 


<More Actions> 


<Mone Actions> 

Swap 

Move 

Save .As Template 
Logout 

52001 

E <P WU I 1 fft 

52101 

52601 

52100 

pfl 7 a c 

. i. ... 


Ce= gnatcn 

GW I 

■"j ! ! I 
w 1 1 I 

1120 

112-1 

GW I 

1141 

GW I 

1140 

GW I 

Vi' 


Phene Ty 

112 
11 2 
112 
112 
114 
114 
114 
114 

lie 

'ii 


Add “PREA-Presence” and “PSDN-Presence Services DN” Fields. 

Vanag'ng: EM on c5fkn5a-SDDmlfS5.9J39.203l 
FtwiiesaBul: Phene Ed t 


Bulk Phone Edit (10 phones) 






Field : 

FR EA.- Z nesence 

V 








Sated a 
€ i dk cn 

Note: F 




d - d 


C Z S-C n.-C rf Prem se =xtens on 
OUSA-QhserYe Us ng SCL 
OVDA-Ov stride Another Busy Staton 
Z AR-Parity fo r NT Menu Dia ng 
PBDO-Fort Busy on CTR Off 
z CA_TYFE-Genefic or Iferosoft OC32flC7 =CA 
FCWAFtecedence Gal Wa t ng 
FGNA-FAGENET 
z HTA-Piecedeiree Hunt ng 

z <Cr OKCH-Clfiarge P-"ie Key DN Charge C r g nat ng Key ON 
PLEV-Cverrde Priority .Level 


; dation. 


l 


P REA-Presence 






tat c-n 

■.CD Agent Priority Level 
lEDN-Prime DN 
.FRli-Tommal Use r Prompts 
PRWA-DSN Staten Loop Preemption 


T^tuT 


PSDN-Ptesence Serv :e DN 


1 


Select Old Value and New Value (as shown below) and select “Update Phones”. 
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'■'■5'"S3 "iS E .1 sn -s silk nsa-spcm 1135.3 J33.2-35 1 
Phones* Bulk = none Ed 1 


Bulk Phone Edit (1 phones) 


Feld: =5 C N-Ptesence Serv sCM 


Remove 


U pdate 

|X eE 


h 


¥ : = ] 1 
1 0 

- l zz ='i = = ~~: ? = • :;: 


!d v s, je 


New Value 


owed 

li 


Confirm changes are successful (screen not shown). 

4.7. Save Configuration 

Expand Tools -A Backup and Restore on the left navigation panel and select Call Server. 
Select Backup (not shown) and click Submit to save configuration changes as shown below. 


AVAyA CS1000 Element Manager 


- UCM Network Services 

- Home 

- Links 

-Virtual Terminals 

- System 
+ Alarms 

- Maintenance 

+ Core Equipment 

- Peripheral Equipment 
+ IP Network 

+ Interfaces 

- Engineered Values 
+ Emergency Services 
+ Software 

-Customers 

- Routes and Trunks 

- Routes and Trunks 

- D-Channels 

- Digital Trunk Interface 

- Dialing and Numbering Plans 

- Electronic Switched Network 

- Flexible Code Restriction 
-Incoming Digit Translation 

- Phones 
-Templates 

- Reports 
-Views 

- Lists 

- Properties 

- Migration 
-Tools 

- Backup and Restore 

I - Call Server 
- i-'ersonai Lirecrones 


Managing 10.30.51.60 Username: admin 

Tools » Backup and Restore » Call Server Backup and Restore » Call Server Backup 


Call Server Backup 


Action 


Backup 



Submit 


Cancel 


Backup process will take several minutes to complete. Scroll to the bottom of the page to verify 
the backup process completed successfully as shown below. 
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Backing up reten.bkp to War/opt |, nortel/cs/fs/cf2/backup/Eingle‘ 
Database backup Complete! 

TEMU2Q7 _ 

Backup process to local Removable Media Device ended successfully. 


Configuration of Communication Server 1000 is complete. 


CT 

062012 


©2012 Avaya Inc. All Rights Reserved. 


37 of 101 
CollabPackCS1000.doc 



5. Configure Avaya Aura® Session Manager 


This section provides the procedures for configuring Avaya Aura® Session Manager to receive 
and route calls over the SIP trunk between Communication Server 1000 and the Collab Pack. 

These instructions assume other administration activities have already been completed, with the 
Avaya Midsize Enterprise Template installation, such as defining the SIP entity for Session 
Manager and defining the network connection between System Manager and Session Manager. 
For more information on these activities, see References [1],[2] and [3] in Section 12. 

Upon completion of the Avaya Midsize Enterprise Template installation and configuration the 
following Session Manager configuration tasks are required to align with the Communication 
Server 1000. 

Specifically, the following administration activities will be described: 

• Verify SIP Domains (with the Avaya Communication Server 1000 SIP domain) 

• Define Location for Avaya Communication Server 1000 

• Configure the Adaptation Module designed for Avaya Communication Server 1000 
Release 7.5 

• Define SIP Entities corresponding to Avaya Communication Server 1000 and Avaya 
Communication Manager 

• Define Entity Links describing the SIP trunk and Presence link between Avaya 
Communication Server 1000E and Session Manager and the SIP trunk between Avaya 
Communication Manager and Session Manager 

• Define an Entity Link describing the SIP trunk used for Presence services between the 
Communication Server 1000 and Session Manager. 

• Define Routing Policies, which control call routing between the SIP Entities. 

• Define Dial Patterns, which govern to which SIP Entity a call is routed. 

• Define dial patterns for Communicator Server 1000 phones, MWI notification, PSTN 
access and PCA calls 

Note: Some administration screens have been abbreviated for clarity. 
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5.1. Verify SIP Domains 

Expand Elements - Routing and select Domains from the left navigation menu and verify that 
the Domain Name is the same as the Communication Server 1000 SIP Gateway Domain as 
shown in Section 4.4. In this sample configuration “us.global.avaya.com” was used. If the 
environment has pre-defined SIP domain it should be used here. 


AVAyA 


Avaya Aura® System Manager 6.2 


Help | 


Routing < 

Domains 

Locations 
Adaptations 
SIP Entities 
Entity Links 
Time Ranges 
Routing Policies 
Dial Patterns 
Regular Expressions 


Home /Elements / Routing / Domains 


Domain Management 




New 





More Actions ” 


1 Item Refresh 



Type Default Notes 

FI us.alobal.avava.com 

sip □ Auto CS domain 




5.2. Define Location for Avaya Communication Server 1000 

Locations are used to identify logical and/or physical locations where SIP Entities reside, for 
purposes of bandwidth management or location-based routing. 

Expand Elements - Routing and select Locations from the left navigational menu. 

Click New (not shown). In the General section, enter the following values and use default values 
for remaining fields. 

• Name: Enter a descriptive name for the location. 

“Westminster, CO, USA” was used for reference configuration. 

• Notes: Add a brief description. [Optional] 


Click Commit to save. 

The screen below shows the Location defined for Communication Server 1000 in the sample 
configuration. 
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Avaya Aura® System Manager 6.2 


Routing 


4 


Home /Elements / Routing / Locations 


Domains 

Locations 

Adaptations 
SIP Entities 
Entity Links 
Time Ranges 
Routing Policies 


Location Details 

General 




* Name: 

Westminster, CO, USA 

Notes; 

CS1000 !Entity| 


5.3. Configure Adaptation Module 

To enable calls between stations on Communication Server 1000 and SIP endpoints registered to 
Session Manager, Session Manager should be configured to use an Adaptation Module designed 
for Communication Server 1000 to convert SIP headers in messages sent by Communication 
Server 1000 to the format used by other Avaya products and endpoints. All calls to the 
Communication Server 1000 will have the Communication Server 1000 NARS access code (‘1’ 
is used for this reference configuration) added as they leave Communication Manager. The 
Session Manager will route all digit strings with a leading ‘1’ to the Communication Server 
1000. It will be necessary to delete the leading ‘ 1 ’ for those calls that terminate within the 
Communication Server 1000 (station calls and Call Pilot). 

Expand Elements - Routing and select Adaptations from the left navigational menu. 

Click New (not shown). In the General section, enter the following values and use default values 
for remaining fields. 
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Adaptation Name: Enter an identifier for the Adaptation Module Module Name: 

Select “CSlOOOAdapter” from drop-down menu 
Module Parameter: “fromto=true” this will ensure that the ‘from’ header is updated 
In the Digit Conversion for Outgoing from SM section, click Add and enter the following 
values. 


Matching 

Pattern 

Min 

Max 

Delete 

Digits 

Insert 

Digits 

Address To 
Modify 

Notes 

123 

8 

8 

3 


destination 

Drag/drop from Flare 
Communicator Client 

152 

6 

6 

1 


destination 

CS 1000 Phone Range 

17001 

5 

5 

1 


destination 

Call Pilot DN of 7001 

23 

7 

7 

2 


origination 

5-digit ‘from’ header for CDR 

911 

3 

3 

0 

1 

destination 

Emergency number 


Click Commit. The Adaptation Module defined for sample configuration is shown below. 


VJCI ICI Cli 


* Adaptation name 
Module name 
Module parameter 
Egress URI Parameters: 

Notes: 


CSIKAdapt 

CSlOOOAdapter 

fromto=true 


Manipulate(Adapt) routing digits 


Digit Conversion for Incoming Calls to SM 


Add 


Remove 


D Items Refresh 







Filter: Enable 

Matching Pattern 

Min 

Max 

Phone Context 

Delete Digits 

Insert Digits 

Address to modify 

Adaptation Data Notes 


Digit Conversion for Outgoing Calls from SM 


Add 


Remove 


5 Items Refresh 

Matching Pattern 


Filter: Enable 





Phone 

Delete 

▲ 

Min 

Max 

Context 

Digits 


Insert Digits 


123 


8 


* 152 

* 17001 

* 23 

* 911 


* 6 
* 5 


* |8 
* 


* 3 


* 7 


* 3 


6 ] C 

* 5 

♦ 7 ] □ 

*3 ] r 


* 1 
* 


Address to 
modify 

destination v 

destination v 

destination v 


Adaptation Data 


Notes 


drag/drop from SIP client 


origination v 


* o 


destination v 


CS1K station range 
Call Pilot ACD DN 
CDR of 5-digits 
Emergency # 
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5.4. Define SIP Entities 

A SIP Entity must be added for Communication Server 1000 and Communication Manager 
(5.4.1) 


Expand Elements - Routing and select SIP Entities from the left navigation menu. 


Click New (not shown). In the General section, enter the following values and use default 
values for remaining fields. 

• Name: Enter an identifier for the SIP Entity , 

“CSlOOO-Node 1006” 


• FQDN or IP Address: “Node” IP address of the CS1000 IP Telephony interface 

“135.9.146.54” 


• Type: 

• Notes: 

• Adaptation: 

• Location: 


Select “SIP Trunk” 

Enter a brief description. [Optional] 

Select the Adaptation Module defined above 
Select the Location defined for Communication 
Server 1000 above. 


In the SIP Link Monitoring section: 

• SIP Link Monitoring: Select “Use Session Manager Configuration” 

Click Commit to save the definition of the new SIP Entity. 

The following screen shows the SIP Entity defined for Communication Server 1000 in the 
sample configuration. 



Avaya Aura-' System Manager 6,2 


hioirliiuj * 

IJn-ni,iin j . 

ItKalions 
A 1.1:1 pill lio ni¬ 
si £nlili££ 

Fulify E inks 
Time Kluges 
fouling P&lkles 
Dial Patterns 

Regular f Hpnr-'ivi'Jiiv 
Dr-Fi'iull ■. 


Harm- /1 li 1 nn"nl\ / Kmilimj / till 1 tnlittn-v 


SIP Evil ikV DtlailS 

Gtn^irrtl 



ams*- 


* rQ DM UF IP Addfeis: 135.9.14-6,54 


Type; 


biF irum 


Ngle^: 


Adaptalipn: CSIKAdapt v 

LoLdtiun: We-s-tnims t*-f P €O r USA 
Tiint! Ziine: De-nvttf 




■ 
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A second SIP Entity is required for the Communication Server 1000. This Entity will be 
associated with the TLS link required to send presence updates from the Communication Server 
1000. The name will be different than the first Entity created above and no adaptation will be 
applied. 


SIP Entity Details 

General 


* Name: 


* FQDN or IP Address: 

Type: 


Notes: 


cslk presence 


135.9.146.54 


SIP Trunk 


Entity used for Presence 


Adaptation: 


Location: CS1K 


Time Zone: America/Denver 


Override Port & Transport with DNS SRV: □ 


* SIP Timer B/F (in seconds): 


Credential name: 


Call Detail Recording: 


egress 


SIP Link Monitoring 


SIP Link Monitoring: Use Session Manager Configuration v 


6.4.1 SIP Entity for Communication Manager 

The SIP Entity built during the installation of the Midsize Enterprise (ME) server is required 
for Collaboration clients to access Communication Manager for features and is dedicated to 
that IMS (IP Multimedia Subsystem) functionality. A second SIP Entity is built for 
Communication Manager to handle Enterprise traffic (calls to/from Communication Server 
1000 and calls to PSTN via Communication Server 1000). This Entity will have the same IP 
address as the SIP Entity built during the ME server installation. The corresponding Entity 
Link (5.5.1) however, will use a different TCP port and therefore a different Communication 
Manager SIP trunk than the SIP Entity and Entity Link built during the ME server install. 
This is done to ensure that Enterprise traffic can be handled separately from Collaboration 
client feature verification traffic and so that adaptations applied to Enterprise calling do not 
interfere with the IMS process. For the sample configuration, the second SIP Entity is 
named “gmi-alpha-cm-enterprise”. 

Note: This Entity will have the Communication Manager adaptation applied whereas the 
Entity built during the ME server installation will not have an adaptation applied. 
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SIP Entity Details 

General 


* Name: 
* FQDN or IP Address: 

Type: 

Notes: 


grni-alpha-cm-enterprise 


135.9.146.130 


CM 


For PC A & PSTN calls 




Adaptation: 

CM adaptation v 

Location: 

Westminster v 


Time Zone: America/Fortaleza 


Override Port & Transport with DNS SRV: □ 
* SIP Timer B/F (in seconds): 

Credential name: 

Call Detail Recording: 


none 


SIP Link Monitoring 


SIP Link Monitoring: 


Use Session Manager Configuration v 


Supports Call Admission Control: □ 
Shared Bandwidth Manager: O 


5.5. Define Entity Links 

Any connections to Session Manager are described by an Entity Link. In the sample 
configuration there will be two Entity Links between Session Manager and Communication 
Server 1000, one for MWI/Voice traffic and one for Presence Services. Likewise, two Entity 
links are required between Session Manager and Communication Manager, one for Collaboration 
client IMS services (created during the ME server installation) and one for communication with 
the Communication Server 1000. 


5.5.1. Entity Links Communication Server 1000 

The SIP trunk between Session Manager and Communication Server 1000 is described by an 
Entity link. 

Expand Elements Routing and select Entity Links from the left navigation menu. 

Click New (not shown). Enter the following values. 

• Name Enter an identifier for the link to each telephony system. 

• SIP Entity 1 Select SIP Entity defined for Session Manager 

• SIP Entity 2 Select the SIP Entity defined for Communication Server 
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Protocol 


1000 for voice calls in Section 5.4 

After selecting both SIP Entities, select “TCP” as the required 
protocol. 

• Port Verify Port for both SIP entities is the default listen port. 

The default listen port is “5060”. Example uses TLS 5061 

• Trusted Enter 

• Notes Enter a brief description. [Optional] 

Click Commit to save Entity Link definition. 

The following screen shows the entity link defined for the SIP trunk between Session 
Manager and Communication Server 1000 for MWI and voice traffic. 


H«na /E Ir ihh' ill b . i Hauling / LnliEy Lint*. 


f&trtY -Links 


J ]tqm [tgfoei? 



SIP Entity t 

IV-stacol 

Paid 

SIP EPriftv 2 


Part 

CoaiMctian Policy 

■ 

r pmi- * v 

\j& ■v 

- sow 

■ CSLHM-fcOdftlHM 



" . ■ 't ■ ^ 


The Entity Link for Presence services will use the Entity built for Communication Server 1000 
Presence in Section 5.4 and will used TLS on port 5061. 


Entity Links 


Commit 


Cancel 


1 Item Refresh Filter: Enable 

Name SIP Entity 1 Protocol Port SIP Entity 2 Port *~°PoNcy° n 

Notes 

* sm-cslk-tls * gmi-alphame-sm v 1 [TLS v * 5061 * cslk presence v * 5061 Trusted vj] 

CS1K Presence 

< |_ 

^■^b) L>l| 


5.5.2. Entity Link for Communication Manager 

The Entity Link built between Session Manager and Communication Manager during the 
installation of the ME server is required for the Collaboration clients to access the 
Communication Manager for telephony features. A second Entity Link is built between 
Session Manager and Communication Manager to handle Enterprise traffic (calls to/from 
Communication Server 1000 and calls to PSTN via Communication Server 1000). This link 
will use a TCP port other than that used for the Entity Link built during the ME server 
installation. Using a different port requires a second SIP trunk to be built in Communication 
Manager and ensures that any inbound or outbound digit manipulation does not affect the 
IMS traffic required by the Collaboration clients to function properly. 
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Entity Links 


Commit 


Cancel 


1 Item Refresh 







Filter: Enable 

ame 

SIP Entity 1 

Protocol 

Port 

SIP Entity 2 

Port 

S' - ""s. 

Connection 

Policy 

Notes 

sm-cm-tcp 5062 

* gmi-alphame-sm v 

TCP v 

f* 5062 J 

* gmi-alpha-cm-enterprise v 

/* 5062 y 

Trusted v 

PCA&Enterprise calls 

<11 





m\ 


5.6. Define Routing Policy 

Routing policies describe the conditions under which calls will be routed to Communication 
Server 1000 from either SIP endpoint registered to Session Manager. Routing Policies will also 
be used to send calls and Callpilot MWI notification messages from the Communication Server 
1000 to the Avaya Communication Manager. 

To add a routing policy, Expand Elements - Routing and select Routing Policies. 

Click New (not shown). In the General section, enter the following values. 

• Name: Enter an identifier to define the routing policy 

• Disabled: Leave unchecked. 

• Notes: Enter a brief description. [Optional] 

In the SIP Entity as Destination section, click Select. The SIP Entity List page opens (not 
shown). 

• Select the SIP Entity associated with Communication Server 1000 as defined above 
and click Select. 

• The selected SIP Entity displays on the Routing Policy Details page. 

Use default values for remaining fields. Click Commit to save Routing Policy definition. 

Note: The routing policy defined in this section is an example and was used in the sample 
configuration. Other routing policies may be appropriate for different customer networks. 

The following screen shows the Routing Policy for Communication Server 1000. 


Rculimj 6*i>lii~y Dp-talk 


General 


" Nam*: 

Dkrtblrd: 

1 Ftalrip-?: 

Nfftes; CtlOOO * ww&wriiMf, CO, u*!l 


t& €S 10 OT_l*wM LOW 
□ 

0 


SIP Fnli!y as Destination 


Wert. 


Name 

FOD\ or IP Add rev* 

Type 

Mote* 

tillc 


SIC Trvnk 

Erftrtj' used veite celli 
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Following the same procedure as above, a Routing Policy is built to Communication Manager. 
This is shown in the following screen: 


Routing Policy Details | Commit 11 Cance 

General 

* Name: 

Disabled: 

* Retries: 

Notes: 


CM PCA Policy 
□ 

0 

Routing of PCA SSS calls 


SIP Entity as Destination 


Select 


Name 

FQDN or IP Address 

Type 

Notes 

gmi-alpha-cm-enterprise 

135.9.146.130 

CM 

For PCA calls 


Time of Day 



Remove 


View Gaps/Overlaps 


1 Item Refresh 











Filter: Enable 

□ 

Ranking 

Name 

Mon 

Tue 

Wed 

Thu 

Fri 

Sat 

Sun 

Start Time 

End Time 

Notes 

□ 

0 

24/7 








00:00 

23:59 

Time Range 24/7 


5.7. Define Dial Pattern 

Dial patterns are used to route calls to appropriate SIP Entities. In the sample configuration, 
since stations on Communication Server 1000 were assigned extensions starting with “52###”, 
calls starting with digits “52” will be routed to Communication Server 1000. Other Dial 
Patterns are also required for PSTN bound traffic, Communication Server 1000 traffic, MWI 
Notification and emergency dialing. 

To define a dial pattern, expand Elements - Routing and select Dial Patterns (not shown). 

Click New, (not shown). In the General section, enter the following values and use default 
values for remaining fields. 

• Pattern: Enter dial pattern for calls to Communication Server 1000 

• Min: Enter the minimum number digits that must to be dialed. 

• Max: Enter the maximum number digits that may be dialed. 

• SIP Domain: Select the SIP Domain from drop-down menu or select “A11” 

if Session Manager should accept incoming calls from all SIP domains. 

• Notes: Enter a brief description. [Optional] 

In the Originating Locations and Routing Policies section, click Add. 

The Originating Locations and Routing Policy List page opens (not shown). 

• In Originating Locations table, select “ALL” 
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• In Routing Policies table, select the Routing Policy that should be used to reoute the 
digits. 

• Click Select to save these changes and return to Dial Pattern Details page. 

Click Commit to save. The following screen shows the Dial Pattern defined for sample 
configuration. Since all calls bound for the Communication Server 1000 or PSTN via 
Communication Server 1000 will have a leading ‘1’ inserted, the dial pattern for those calls 
is simplified into a single entry. 


Dial Pattern Details 

General 


* Pattern: 

1 

* Min: 

5 

* Max: 

12 

Emergency Call: 

□ 

Emergency Priority: 

1 

Emergency Type: 


SIP Domain: 

-ALL- v| 

Notes: 

All calls to CSlk 


Commit 


Cancel 


Originating Locations and Routing Policies 


Add Remove 


1 Item Refresh 






Filter: Enable 

□ 

Originating Location Name 1 

Originating 

Location Notes 

Routing Policy 
Name 

Rank 

Routing 

Policy 

Disabled 

Routing Policy 
Destination 

Routing Policy 
Notes 

□ 

Westminster 

Auto Location 

to CS1K 

0 


cslk 



And the final dial pattern configuration is below: 


Dial Patterns 




New 






More Actions 


4 Items Refresh Filter: Enable 


□ 

Pattern 

Min 

Max 

Emergency Call 

Emergency Type 

Emergency Priority 

SIP Domain 

Notes 

□ 

1 

5 

12 

□ 



-ALL- 

All calls to CSlk 

□ 

23 

7 

7 

□ 



-ALL- 

MWI Notify Messages for One-X Mobile 

□ 

555 

10 

10 

□ 



-ALL- 

PCA Calls to SIP Clients 

□ 

911 

3 

3 

0 

911 

1 

-ALL- 

Emergency 


The dial pattern ‘ 1’ is used to route PSTN bound calls as well as “drag and drop spotlight calls” 
from Flare Communicator client, 5-digit station calls and calls to CallPilot voicemail. 

The dial pattern ‘23’ is used for MWI notifications back to the Collaboration clients. The dial 
pattern ‘555’ is used for the routing of calls from Communication Server 1000 PCA calls. The 
routing digits used for PCA calls are arbitrary, however it is required that routing digits be used. 
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It is necessary to route the MWI notifications differently than the PCA calls due to the 
requirement for Communication Manager to handle them differently. PCA calls will be routed 
to ARS digit-conversion and the MWI Notify messages will not. 

Summary of Dial Patterns Used in this sample configuration are: 


Pattern 

Min 

Max 

SIP Domain 

Emer. 

Originating 

Location 

Routing Policy 

Notes 

i 

8 

ii 

-ALL- 

N 

Westminster 

toCSIK 

All non-5 digit 
calls to CSlk 

23 

7 

7 

-ALL- 

N 

CS1K 

CM Policy 

MWI Notify 
Messages for 
One-X Mobile 

555 

10 

10 

-ALL- 

N 

CS1K 

CM PCA 
Policy 

PCA Calls to 
SIP Clients 

911 

3 

3 

-All- 

Y 

Westminster 

toCSIK 

Emergency 

Calls 
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6. Configure Avaya Aura® Communication Manager 


This section describes the concepts needed to configure Communication Manager to support 
Converged endpoints for Communication Server 1000 with Avaya Aura® Midsize Enterprise. 
These instructions assume the Avaya G430 Gateway is already configured on Communication 
Manager. For information on how to administer other aspects of Communication Manager, see 

References [14] and [15] in Section 12. 

The following administration steps will be described: 

• Verify System Access codes match 

• Verify - IP Network Region - SIP Domain 

• Enable Trunk to Trunk transfers 

• Administer Private, Public Numbering Plan and Uniform Dial plan 

• Administer AAR/ARS Analysis 

• Administer Dial Plan Analysis 

• Administer Dial Plan Parameters 

• Administer a Route Pattern 

• Administer a SIP Trunk/Signal Group 

• Administer Incoming Call Handling 


6.1. Verify System Access Codes match 

To allow users to utilize Converged dialing plans to route calls, verify the Communication 
Manager AAR and ARS access codes match Communication Server 1000 Access Codes. 

Verify Communication Server 1000 Access Codes: 

Navigate to UCM Services - EM - ESN - ESN Access Codes and Parameters 

l lanad no: 135.9.139.2JS Username: admin 

□ ia ng and Numbering Plans * Electronic Switched Network iESN. » Customer 03 » Network Control & Services » ESN Access Codes and Basic Parameters 

ESN Access Codes and Basic Parameters 


General Properties 


NARS/BARS Access Code 1: 


MARS Access Code 2: 


NARS/B ARS Dial Tone after diaNnc^^H^C^cces^odesH^f 


In the Dialplan Analysis change your dialed string to match Feature Access Code (FAC) 
examples “9” and “6”. 
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Using SMGR-Elements-Communication Manager-System-Dialplan Analysis 

• Dialed String 6 

• Total Length 1 

• Call Type FAC—identifies this 1-digit number as a Feature Access Code 

• Repeat steps to add digit ‘9’ as FAC 


Home /Elements / Communication Manager / System / Dialplan Analysis 


gmi-alphame-cm 

change dialplan analysis 


Enter 


Info: 


Refresh 


Cancel 


Clear Field 


Help 


Edit 


Prev Page 


change dialplan analysis 


Page 1 of 12 


DIAL PLAN ANALYSIS TABLE 

Location: all 


Percent Full: 


Dialed Total Call 

String Length Type 


Dialed Total Call 

String Length Type 



0 


1 


attd 



IS 

8 

ext 



19 

7 

ext 



2 

7 

ext 



3 

7 

ext 



4 

7 

ext 



5 

5 

ext 


■ 


6 


1 


fac 




7 


7 


ext 


■ 



8 


7 


ext 









Q 


1 


fac 





::Jc 


3 


dac 



1 


3 

dac 



Dialed Total Call 

String Length Type 
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Using SMGR-Elements-Communication Manager-System-Feature Access Codes 
On page 2 of Feature Access Codes, verify ‘9’ is defined as ARSFAC1 


Feature Access Codes List 






New 


36 Items Refresh Show 15 v 


Filter: Enable 


o 


ARSFAC1 


On page 3 of Feature Access Codes, select AARFAC and choose ‘Edit’ 
Add ‘6’ in Auto Alternate Routing Field 



Feature Access Code 

Description 

System 

r ° 

#51 

Enhanced EC500 Deactivation 

gmi-alphame-cm 

° 

*51 

Enhanced EC500 Activation 

gmi-alphame-cm 

° 

*50 

EC500 Self-Administration AC 

gmi-alphame-cm 

° 

*61 

Directed Call Pickup AC 

gmi-alphame-cm 

o 

#80 

Contact Closure Close Code 

gmi-alphame-cm 

o 

*80 

Contact Closure Open Code 

gmi-alphame-cm 

o 

*42 

CAS Remote Hold/Answer Hold-Unhold AC 

gmi-alphame-cm 

° 

*41 

CCall Pickup Access Code 

gmi-alphame-cm 

° 

*40 

Call Park Access Code 

gmi-alphame-cm 

° 

#30 

Call Forwarding Deactivation 

gmi-alphame-cm 

o 

*31 

Call Forwarding Activation 

gmi-alphame-cm 

° 

*30 

Call Forwarding Activation Busy/DA 

gmi-alphame-cm 

o 

#33 

Automatic CallBack Deactivation 

gmi-alphame-cm 

o 

*33 

Automatic CallBack Activation 

gmi-alphame-cm 


gmi-alphame-cm 


*10 


*12 


change feature-access-codes 

FEATURE ACCESS CODE (FAC) 
Abbreviated Dialing Listl Access Code: 

Abbreviated Dialing List2 Access Code: 

Abbreviated Dialing List3 Access Code: 

Abbreviated Dial - Prgnn Group List Access Code: 

AnnouncementAccess Code: 

Answer BackAccess Code: 


Page 


1 of 10 


*13 


*14 


*19 


Auto Alternate Routing (AAR) Access Code: 


Navigating to System Manager-Elements-Communication Manager-System-Dialplan Parameters 
Select the item and choose ‘Edit’: 

UDP Extension Search Order udp-table-first 
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g m i-alphame-cm 


change dialplan parameters 


Enter 


Refresh 


Cancel 


Clear Field 


Help 


Edit 


Prev Page 



Next Pan 


Info: 


change dialplan parameters 


Page 1 of 1 


DIAL PLAN PARAMETERS 


Local Node Number: 
UDP-ARS Calls Considered Off net? 


n 


ETA Node Number: 
ETA Routing Pattern: 


UDP Extension Search Order: 

udp-table-first 





6.2. Verify IP Network Region - Domain 

Navigate to Elements - Communication Manager - Network and Select the Network Region. 
Enter the following values and use default values for remaining fields. 

• Authoritative Domain: Enter the correct SIP domain for the configuration. For the 
reference configuration, “us.global.avaya.com” was used. 

• Name: Enter descriptive name. 
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Home /Elements / Communication Manager / Network / IP Network Regions 


gmi-alphame-cm 


display ip-network-region 1 



Enter 


Refresh 


Cancel 


Clear Field 


Help 


Edit 


Info: 


display ip-network-region 1 Pa 

IP NETWORK REGION 

Location: 1 Authoritative Domain: I us.global.avaya.com I 

Name: LOCAL 1 1 


6.3. Configure Trunk-to-Trunk Transfers 

Use the change system-parameters features command to enable trunk-to-trunk transfers. This 
feature is needed when an incoming call to a SIP station is transferred to another SIP station. For 
simplicity, the Trunk-to-Trunk Transfer field on Page 1 was set to “all” to enable all trunk-to- 
trunk transfers on a system wide basis. 

Note: Enabling this feature poses significant security risk by increasing the risk of toll fraud, and 
must be used with caution. To minimize the risk, a COS could be defined to allow trunk-to-trunk 
transfers for specific trunk group(s). For more information regarding how to configure 
Communication Manager to minimize toll fraud, see Reference [16] in Section 12. 

Navigate to Elements - Communication Manager - Parameters-System Parameters - 
Features. 

Select “True”. 
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Home /Elements / Communication Manager / Parameters / System Parameters - Features 


System Parameters - Features 

Select device(s) from Communication Manager List ► 


System Parameters - Features List 


View 


Edit 


New 

_" 


1 Item Refresh Show ALL v 



Terminal Translation Initialization (TTI) Enabled 

EMU Inactivity Interval For Deactivation(hours) 

® 

true 






Select edit, 
choose“aH”. 


Home /Elements / Communication Manager / Parameters / System Parameters - Features 




gmi-alphame- cm 


change system-parameters features 


Enter 


Refresh 


Cancel 


Clear Field 


Help 


Edit 


Prev I 


Info: belect suggested values from dropdown 


change system-parameters features Page 1 

FEATURE-RELATED SYSTEM PARAMETERS 


Self Station Display Enabled? 

y 


T i'u n k-to -Ti'u n k T fa n sfe r : 

all 


Automatic Callback with Called Party Queuing? 

Automatic Callback - No Answer Timeout Interval (rings): 

all 

none 

restricted 

Call Park Timeout Interval (minutes): 

< 

> 

iu 


Off-Premises Tone Detect Timeout Interval (seconds): 

20 


AAR/ARS Dial Tone Required? 

Y 
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6.4. Administer Signal Group 

Signal Group 4 and the associated SIP Trunk Group 4 will be used for all traffic to the 
Communication Server 100. 

Navigate to System Manager-Elements-Communication Manager-Network-Signaling Groups- 
Select New 


• Qualifier 

• Group Type 

• Transport Method 

• Near-End Node Name 

• Far-End Node Name 

• Near-End Listen Port 

• Far-End Listen Port 

• Far-End Network Region 

• Domain 


“4” This is the signal group number, select Add 
SIP 

TCP—alternatively, TLS can be used 
procr—this name is created during the ME server install 
SM—this name is created during the ME server install 
5062—needs to be a different port than signal group 3 
5062—needs to be a different port than signal group 3 
1 

us.global.avaya.com—replace with SIP domain 


Signal Group form should appear as below: 

change signaling-group 4 

SIGNALING GROUP 


Page 1 of 2 


Group Number: 4 


Peer Detection Enabled? 


IMS Enabled? 
Q-SIP? 
IP Video? 


n 


n 


n 


Group Type: 
Transport Method: 



eer Server: 


sip 

top 


SM 


Enforce SIPS URI for SRTP? 



Near-end Node Name: 
Near-end Listen Port: 


procr 

Far-end Node Name: 

SM 

5062 


Far-end Listen Port: 

5062 



Far-end Network Region: 

1 




Far-end Domain: 


us.global.avaya.com 


Incoming Dialog Loopbacks: eliminate 

Bypass If IP Threshold Exceeded? 

RFC 3389 Comfort Noise? 

n 

n 

DTMF over IP: rtp-payload 

Direct IP-IP Audio Connections? 

y 

Session Establishment Timer(min): 3 

IP Audio Hairpinning? 

n 

Enable Layer 3 Test? y 

Initial IP-IP Direct Media? 

n 

H.323 Station Outgoing Direct Media? n 

Alternate Route Timer(sec): 

6 
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Select Enter. 


6.5. Administer SIP Trunk Group 

Trunk Group 4 will use signal group 4 created in section 6.4 and will be used for all traffic to the 
Communication Server 1000. 

Navigate to System Manager-Elements-Communication Manager-Network-Trunk Group- Select 
New 


• Qualifier 

• Group Type 

• Group Name 

• TAC 

• Service Type 

• Assignment Method 

• Signal Group 

• Number of Members 


“4” This is the trunk group number, select Add 
SIP 

free text up to 27 characters (‘To CS1K’ in this config) 

*04—this is the trunk access code 

TIE 

auto 

4—signal group number created in section 7.4 
50 


Trunk Group form should appear as below: 

change trunk-group 4 


Enter 


Refresh 


Cancel 


Clear Field 


Help 


Edit 


Prev Page 


Next Page 


Info: Enter number between 0-255 

change trunk-group 4 Page 1 of 21 

TRUNK GROUP 


Direction: 
Dial Access? 


two-way 


n 


Outgoing Display? 


n 


Group Number: 

4 Group Type: 

sip 

CDR R 

eports: 

y 

Group Name: 

To CS1K 

COR: i TN: i 

TAC: 

*04 



Night Service: 


Service Type: 


tie 





Auth Code? 


n 


Member Assignment Method: 

Signaling Group: 
Number of Members: 


auto 


100 


Select Enter. 
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6.6. Verify Signal Group and Trunk Group are In-Service 

After Signal Group 4 and Trunk Group 4 have been added, ensure that both are up and in- 
service. 

Navigating to System Manager-Elements-Inventory-Synchronization-Communication System- 
-Launch Element Cut Through 

Type ‘status signaling-group 4’ 

Results should be as below “in-service” 

Element Cut Through _ 

Done 


gmi-alphame-cm 




Refresh 


Cancel 




Help 




Prev Page 


Next Page 




Info: 


Command: O status signaling-group 4 


Send 


status signaling-group 4 

STATUS SIGNALING GROUP 

Group ID: 4 
Group Type: sip 


Group State: in-service 


Type ‘status trunk 4’ 

Results should be as below ‘in-service/idle’ and ‘Mtce Busy = no’ for all 100 members (use Next 
Page to verify) 
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Element Cut Through 


Done 


gmi-alphame-cm 


Command: O status trunk 4 


Send 


Enter 


Refresh 


Cancel 


Clear Field 


Help 


Edit 


Prev Page 


Next Page 


More Actions ' r 


Info: Command successfully completed 


TRUNK GROUP STATUS 


Member Port Service State Mtce Connected Ports 





Busy 

□004/043 

T00293 

in-service/idle 

no 

0004/044 

T00299 

in-service/idle 

no 

0004/045 

T00300 

in-service/idle 

no 


6.7. Configure Incoming Call Handling for Trunk Group 

In order to strip the routing digits of ‘555’ for PC A calls from the Communication Server 1000 
to Collaboration clients, an Incoming Call Handling Rule is needed on the trunk group in 
Communication Manager. The Insert of ‘9’ will route the call to ARS where ARS digit- 
conversion will keep it local rather than looping back to the Communication Server 1000. 

Navigating to System Manager-Elements-Inventory-Synchronization-Communication System- 
-Launch Element Cut Through 


Type 

“change incoming tru 4” 

• 

Number Len 

10 

• 

Number Digits 

555 

• 

Del 

3 

• 

Insert 

9 
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gmi-alphame-cm 


Command: ch inc tru 4 


Send 


Enter 


Refresh 


Cancel 


Clear Field 


Help 


Edit 


Prev Page 


Next Page 


More 


Info: 


change inc-call-handling-trmt trunk-group 4 Page 1 of 30 

INCOMING CALL HANDLING TREATMENT 


Service/ Number Number Del Insert 

Feature Len Digits 


tie 

10 

5S5 


3 

9 

tie 






tie 






6.8. Verify IP Network Region - Domain 

Use the change ip-network-region n command where n is an available network region. 

Enter the following values and use default values for remaining fields. 

• Authoritative Domain: Enter the correct SIP domain for the 

configuration. 

For the sample configuration, “us.global.avaya.com” 
was used. 

• Name: Enter descriptive name. 

• Codec Set: Enter the number of the IP codec set 

1 above 

• Intra-region IP-IP Direct Audio: Enter “yes”. 

• Inter-region IP-IP Direct Audio: Enter “yes”. 
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Home /Elements / Communication Manager / Network / IP Network Regions 


gmi-alphame-cm 
display ip-network-region 1 

Help I f Edit 


% 


Enter 


Refresh 


Cancel 


Clear Field 


Info: 


display [p-iietwork-regiou 1 

_ IP NETWORK REGION 

^Region^l 

Location: 1 Authoritative Domain: I us.global.avaya.com 

Name: LOCAL 1 


6.9. Administer Private Numbering Plan ( 

The full extension numbers used for the collaboration clients registered to Session Manager must 
be added to the private numbering table on Communication Manager. For the reference 
configuration, private numbering was used and all extension numbers were unique within the 
private network. However, in many customer networks, it may not be possible to define unique 
extension numbers for all users within the private network. For these types of networks, 
additional administration may be required as described in Reference [14] in Section 12. 

Use the change private-numbering n command, where n is the length of the private number. 
Fill in the indicated fields as shown below. 


• Ext Len: 

• Ext Code: 

endpoints. 

• Trk Grp(s): 


Enter length of extension numbers. 

In the sample configuration, “7” was used. 

Enter leading digit (s) from extension number. 

In the sample configuration, “235xxxx” were used for SIP 

Enter trunk groups or leave blank to use format on all trunk 
groups 


• Private Prefix: 

scheme is 


Leave blank unless an enterprise canonical numbering 


Pa 
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prefix. 

Total Length: 


defined in Session Manager. If so, enter the appropriate 
Enter “7” since a private prefix was not defined. 


change private-numbering 7 


Ext Ext 
Len Code 

7 23 


Trk 
Grp (s) 

3 


Page 


1 of 


NUMBERING - PRIVATE FORMAT 


Private 

Prefix 


Total 

Len 

7 Total Administered: 3 


6.10. Administer Public Numbering Plan 

The full extension numbers used for the collaboration clients registered to Session Manager must 
be added to the public numbering table on Communication Manager. For the sample 
configuration, public numbering was used and all extension numbers were unique within the 
public network. However, in many customer networks, it may not be possible to define unique 
extension numbers for all users within the private network. For these types of networks, 
additional administration may be required as described in Reference [14] in Section 12. 

Use the change public-numbering n command, where n is the length of the number. 

Fill in the indicated fields as shown below. 

• Ext Len: Enter length of extension numbers. 

In the sample configuration, “7” was used. 

• Ext Code: Enter leading digit (s) from extension number. 

In the sample configuration, “235xxxx” were used for SIP 

endpoints. 

• Trk Grp(s): Enter trunk groups or leave blank to apply for all trunks. 

• Public Prefix: Leave blank unless an enterprise canonical numbering 

scheme is defined in Session Manager. If so, enter the appropriate prefix. 


Total Length: 


Enter “5” since a private prefix was not defined. 


These settings will ensure that a 7-digit station will show a 5-digit Calling Party Number 
(CPN) on outbound calls. For example, SIP extension “2352001” will show a Calling Party 
Number of “52001”. 


change public-unknown-numbering 7 

NUMBERING - PUBLIC FORMAT 


Page 


1 of 2 


Ext Ext 
Len Code 

7 2 


Trk 
Grp (s) 

4 


Public Ukn 
Prefix 

1303 


Total 


Len 

5 


Total Administered: 1 
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6.11. Administer Uniform Dial Plan 

Navigate to Elements - Communication Manager - System - Uniform Dial Plan and add 

dialing plan extension range (s). In the reference configuration, 7-digit extension numbers 
starting with “235xxxx” was used for the collaboration clients associated and 52xxx is used as 
the uniform dialing plan for Converged Users dialing across Communication Server and the 
Collab Pack. 

Fill in the indicated fields as shown below and use default values for remaining fields. 

• Matching Pattern Enter digit pattern of extensions assigned to SIP endpoints 

(Collaboration clients) and Communication Server 1000 endpoints. 

• Len Enter extension length. 

• Net Enter “ars”. 

Navigate to Elements - CM -System - Uniform Dial Plan. 


Home /Elements / Communication Manager / System / Uniform Dial Plan 


Uniform Dial Plan 

Select device(s) from Communication Manager List ► 


Uniform Dial Plan List 



View I 


Edit 


New 


3 Items Refresh Show 

ALL 

V 



Matching Pattern 

Length 

Del 


Insert Digits 

Net 

o 

52 


5 


0 



ars 


The above example is for the Communication Server 1000 station range. Following the same 
procedure as above, add an entry that represents the pattern range for the SIP clients (23xxx in 
this sampe configuration) and the CallPilot access number (7001) as in this sample 
configuration.. 

The completed Uniform Dial Plan Table is represented in the following screen: 
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Uniform Dial Plan List 


View 




New 


3 Items Refresh Show 

ALL v 





Filter: Enable 

Matching Pattern 

Length 

Del 

Insert Digits 

Net 

Conv 

Node Number System 

O 7001 

4 

0 


ars 

false 

gmi-alphame-cm 

O 52 

5 

0 


ars 

false 

gmi-alphame-cm 

O 23 

7 

0 


ars 

false 

gmi-alphame-cm 

Select : None 


6.12. Administer Route Pattern 


This section provides the configuration of the Route Pattern used in Communication Manager for 
the routing of calls to the Communication Server 1000, Call Pilot and PSTN via Communication 
Server 1000. All calls from ARS will use this route pattern 4. Route Pattern 3 is created during 
the ME server installation and is dedicated for the IMS signaling required by the Collaboration 
clients. Using a separate route pattern (route pattern 4 in this sample configuration) allows for 
digit manipulation on enterprise calls without affecting the IMS traffic that is using Route Pattern 
3. 


Navigating to System Manager-Elements-Communication Manager-Network-Route Pattern- 
Select New 

• Qualifier 

• Name 
configuration) 

• Grp No 

• Inserted Digits 

• FRL 


“4” This will be the route pattern number 
Free-text up to 15 characters (To CS1K in this sample 

“4” This is the trunk group number to be used for this route 
“1” Lead routing digit that SM will use to point the call to CS1K 
“0” The minimal facility access code restriction 
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gmi-alphame-cm 


change route-pattern 4 


Info: 


Enter 


Refresh 


Cancel 


Clear Field 


Help 


Edit 


Prev Page 


Next Page 


More Actions 


change route-pattern 4 


Page 1 of 


Pattern Number: 4 Pattern Name: j 0 csiK 
SCCAN? n Secure SIP? " 


GrpFRL NPA Pfx Hop Toll No. Inserted 
No Mrk Lmt List Del Digits 

Dgts 


DCS/ IXC 

QSIG 

Intw 


10 

□ 

nil 

n user 



□ u mi 

n user 



_ :i_ i ii 

n user 



□ □ □! 

n user 



□ □ m 

n user 



□ □ ni_ 

n user 


6.13. Administer ARS Analysis 

This section provides the configuration of the ARS pattern used in the reference configuration 
for routing calls between collaboration clients and Communication Server 1000 stations, Call 
Pilot and to the PSTN via Communication Server 1000. All traffic that is bound for the PSTN 
must have dialed strings defined here as well as any digit strings pointed to ARS via the UDP 
table in section 6.7 (23x-xxxx, 52xxx and 7001 for this sample configuration). The ARS table 
needs to mimic the dialing rules of the Communication Server 1000 including local, long 
distance, toll-free and emergency dialing. All dialed numbers identified on the ARS table will be 
sent to Session Manager and routed to the Communication Server 1000 via Route pattern 4 
created in section 6.8. 


e g. 52001 is the 5-digit number of a Communication Server 1000 station 


• Dialed String 

• Min 

• Max 

• Route Pattern 

• Call Type 


Enter leading digit (s) of extension numbers, “5” 

Enter minimum number of digits that must be dialed. “5”. 
Enter maximum number of digits that may be dialed. “5” 
Enter Route Pattern of “4” 

Enter “loci”. 


The completed ARS table below describes a dialing plan that supports local 7-digit dialing, 1+10 
long distance dialing and 1+10 toll-free dialing. Since the drag/drop calling feature from the 
contact fan of the Flare Communicator client will be dialing 7-digits to other SIP client users that 
is accounted for in the ARS table as well. 
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Automatic Route Selection Analysis List 




Edit 


New 


11 Items Refresh Show 

> 

_l 

_i 

< 




Filter: Enable 


Dialed String 

Total Min 

Total Max 

Route Pattern 

Location 

System 

o 

1 

11 

11 

4 

all 

gmi-alphame-cm 

° 

2 

7 

7 

4 

all 

gmi-alphame-cm 

o 

3 

7 

7 

4 

all 

gmi-alphame-cm 

o 

4 

7 

7 

4 

all 

gmi-alphame-cm 

o 

5 

7 

7 

4 

all 

gmi-alphame-cm 

o 

5 

5 

5 

4 

all 

gmi-alphame-cm 

o 

6 

7 

7 

4 

all 

gmi-alphame-cm 

o 

7001 

4 

4 

4 

all 

gmi-alphame-cm 

o 

8 

7 

7 

4 

all 

gmi-alphame-cm 

o 

9 

7 

7 

4 

all 

gmi-alphame-cm 

o 

911 

3 

3 

4 

all 

gmi-alphame-cm 


6.14. Administer ARS Digit Conversion 


This section provides the configuration of the ARS Digit-Conversion rule used in the sample 
configuration for keeping inbound 7-digit calls local rather than routing back out to the 
Communication Server 1000. In order to support drag/drop calling from the Flare 
Communicator client contact fan (which is a 7-digit call) to other Converged Users, changes 
were made to the dial plan parameters form (see section 6.1). The changes made to the Dial 
Plan Parameters form routed 7-digit traffic to the 23x-xxxx range off-net so that a 7-digit call 
will ring the Communication Server station first (invoking PCA/SIMRING capability) rather 
than just the Collaboration Client that is being called. Without a rule to keep inbound 7-digit 
traffic local, PC A calls to 7-digit SIP clients would also be routed off-net creating a loop 
condition. Inbound 7-digit calls will be kept local by using an ARS Digit-Conversion rule that 
states the 23x-xxxx range represents extensions. The Incoming-Call Handling rule created in 
section 6.7 is inserting the digit ‘9’ which routes the call to ARS. Before ARS Analysis is 
invoked, ARS Digit-Conversion rules are applied. 

Navigating to System Manager-Elements-Communication Manager-Network-Automatic Route 
Selection Digit Conversion: 


• Matching Pattern 

• Min 

• Max 

• Del 

• Net 

• Conv 


23 (leading digits of Collaboration clients) 

7 (length of Collaboration client extension) 

7 (length of Collaboration client extension) 

0 (no changes made to digit string) 

ext (defining this range as ‘ext’ prevents loop) 

blank (no other conversion should be applied to this digit string) 


Screen capture is below: 
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Home / Elements / Communication Manager / Network / Automatic Route Selection Digit Conversion 


Edit ARS Digit Conversion 


Commit 


Reset 


Schedule 


Cancel 


System 


gmi-alphame-cm 


Location 


all 


Percent Full 


0 


32 Items Refresh 









Matchinq Pattern 

Min 

Man 

Del 

Replacement String 

Net 

Conv 

ANI Require 

d 

23 

7 

7 

0 

1 

ext v 


n(o) 
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7. Avaya Aura® Presence Services Configuration 

This section provides the procedures to verify the configuration of Avaya Aura® Presence 
Services. Presence Services can support collaboration clients such as Avaya Flare Communicator 
on iPad and Avaya one-X Mobile SIP for iOS client registered as SIP endpoints to Avaya Aura® 
Session Manager, as well as telephony clients such as M3900 / 1100/ 1200 series phones on the 
Communication Server 1000. 

These instructions assume Presence Services has been installed and configured as described by 
References [10] through [11] in Section 12. For example, the configuration describing how 
Presence Services connects to several other elements in the network such as System Manager 
and Session Manager should be completed during installation. Therefore, this section will focus 
on verifying the configuration is correct. 

Presence Services is configured using the browser-based XCP Controller graphical user 
interface. Access the XCP Controller interface using the URL “https://<ip- 
address>:7300/admin”, where “<ip-address>” is the IP address of the server running Avaya 
Aura® Presence Services software. Log-in with the appropriate credentials. 


7.1. Verify Configuration of Trusted Hosts 

Step 1: Select “Advanced” from the drop-down menu for the Configuration view: field on the 
top right hand comer to enter the Advanced configuration mode. 

In the Router section, select the Edit link associated with the Plugin component named “Core 
Router” as shown below. 


XCP Controller - presence 

^1 

[Home] [Logoff] 

Configuration view: Advanced v | 


System 


[Summary] [Cluster] [Stop the System] [Online Help] 


Router 

Add a new £3 

Status 

Plugin 

Description 

Actions 

Ports 

Remove 

Running 

Core Router 

Global router settings 

Edit 

7400 

N/A 

Running 

logger-1, presence 

Logger Plugin 



Remove 

Running 

jsm-1.presence 

Presence Session Manager 

Edit 


Remove 

Running 

logger-2, presence 

Statistics Logger 

Edit 


Remove 

Running 

| logger-3.presence 

PS Core Logger 

Edit 


Remove 
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Step 2: On the Global Settings Configuration page (not shown), scroll down to the Mutually 
Trusted TLS Hostnames section and verify the Fully Qualified Host Name of the server 
running Presence Services software has already been added in the Host(s): field. 

Verify IP addresses of SIP Signaling Interface of each Session Manager have also been entered 
in the same field. 

For reference configuration, these values were “gmi-alphame-pres.global2.avaya.com”, 
135.9.146.133”as shown below. 


O 

Mutually Trusted TLS Hostnames 

Separate each hostname (or IP address) with a line break,. 

Host Filters 

Host(s): 


J 



Click Submit to save changes. 

Step 3: Select the Restart the system link for the changes to take effect. 


XCP Controller - presence 


[Home] [Logoff] 

Configuration view: Advanced v 

System 


[Summary] [Cluster] [Stop the System] [Online Help] 



Router 

Add a new ^ 

Status 

Plugin 

Description 

Actions 

Ports 

Remove 

Running 

Core Router* 

Global router settings 

Edit 

7400 

N/A 

Running 

logger-1.presence 

Logger Plugin 

Edit 


Remove 

Running 

jsm-1.presence 

Presence Session Manager 

Edit 


Remove 

Running 

logger-2, presence 

Statistics Logger 

Edit 


Remove 

Running 

logger-3.presence 

PS Core Logger 

Edit 


Remove 


* Indicates that a componelt S Ciu’iriQur'SCIAr'i hS5 
configuration will take effect Restan: the system 


been modified, but your system has not been restarted. Restarting the system MUST be done before the new 


Click OK in the system dialog. 



CT 

062012 


©2012 Avaya Inc. All Rights Reserved 


69 of 101 
CollabPackCS1000.doc 




































Step 4: Refresh the browser to verify the Status of all system components returns to 
“Running” as shown below: 

Note: the Restart operation may take several minutes to complete. 


XCP Controller - presence 


[Home] [Logoff] 

Configuration view: Advanced v 

System 


[Summary] [Cluster] [Stop the System] [Online Help] 



Router 

Add a new (3 

Status 


Plugin 

Description 

Actions 

Ports 

Remove 

Running 


lore Router 

Global router settings 

Edit 

7400 

N/A 

Running 


ogger-1.presence 

Logger Plugin 

Edit 


Remove 

Running 


sm-1.presence 

Presence Session Manager 

Edit 


Remove 

Running 


ogger-2.presence 

Statistics Logger 

Edit 


Remove 

Running 


ogger-3.presence 

PS Core Logger 

Edit 


Remove 


Components 

Add a new ES 

Status 

Component 

Description 

Actions 

Ports 

Remove 

Running 

sip-ps-1. presence 

1 SIP Presence Server 

Edit, Stop 

15061 

N/A 

Running 

>ip-proxy- 1.presence 

SIP Proxy 

Edit, Stop 

5061 5061 15061 25061 

N/A 

Running 

> ip-bul ks u b-1. presence 

SIP Bulk Subscription Server 

Edit, Stop 

25061 

N/A 

Running 

:m-1. presence 

Connection Manager 

Edit, Stop 

5222 5223 7400 

N/A 

Running 

jresence-container-1. presence 

Presence Server 

Edit, Stop 


N/A 

Running 

)resence_model-1.presence 

Presence Transformer Component 

Edit, Stop 


N/A 

Running 

Ims-1.presence 

Resource List Management Service 

Edit, Stop 


N/A 

Running 

Ims.presence 

Generic Open Port 

Edit, Stop 


N/A 

Running 

dmapper-1.presence 

IdMapper Component 

Edit, Stop 


N/A 

Running 

iuthzmanager-1. presence 

Authz Component 

Edit, Stop 


N/A 

Running 

m-1.presence 

IM Transcripts Component 

Edit, Stop 


N/A 

Running 

;tanza-optimizer-1.presence 

Stanza Optimizer Component (XEP-033) 

Edit, Stop 


N/A 

Running 

ses-collector-1.presence 

AES Collector 

Edit, Stop 


N/A 
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7.2. Verify Configuration to support Avaya SIP Endpoints 

Step 1: Select “Advanced” from the drop-down menu for the Configuration view: field on the 
top right hand comer to enter the Advanced configuration mode. 

In the Router section, select the Edit link associated the Plugin component named “Presence 
Session Manager” as shown below. 


XCP Controller - presence 


[Home] [Logoff] 


System 


[Summary] [Cluster] [Stop the System] [Online Help] 


Configuration view: Advanced v 


Router 

Add a new EQ 

Status 

Plugin 

Description 

Actions 

Ports 

Remove 

Running 

Core Router 

Global router settings 

Edit 

7400 

N/A 

Running 

logger-1.presence 

Logger Plugin 

Edit 


Remove 

Pi inninn 

' .. 




Remove 




T2 1 | 

Running 

L,- : r . 

—— i -j 


Remove 




Running 

logger-3.presence 

PS Core Logger 

Edit 


Remove 
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Step 2: On the Presence Session Manager Configuration page (not shown), scroll to the 
Optional modules section and verify the following modules have been selected as shown 
below. 

• mod_idmap Verify has been entered. 

• mod_authz Verify has been entered. 

• mod_simple Verify has been entered. 

Optional modules 
0mod_idmap 

0mod_authz _ 

0 mod_stats 

0 mod_message_arciiiver 
0mod_admin 
0mod_caps 
0 mod_composite 
0 mod_simple 


Step 3: Scroll down to the Module Configuration section and verify the following fields have 
been configured: 

• SIP URI Mapping Configuration Verify has been entered. 

• Send ID Mapping requests to an external component 

Verify 

“Yes” has been selected. 


Module Configuration 

0SIP URI Mapping Configuration 

Send ID Mapping requests to an external component 

If selected then will send requests to a component,, otherwise mappings will be 
resolved internally. 



Step 4: Click Submit (not shown) to save changes. 

Step 5: Select the Restart the system link (not shown) as described in the Section 5.1. 
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8. Configure CallPilot 

The assumption is that Callpilot is already installed and configured with voicemail boxes setup 
for the Communication Server 1000 clients. Please refer to Reference [17] in Section 12 for 
detailed documentation. 

The following is required: 

• Verify CallPilot Service DN fits with the Collaboration Pack dial plan (not shown) 

• Verify NMS is enabled (not shown) 

• Registering CallPilot with System Manager 

• Add CallPilot certificate to System Manager 


8.1. Registering CallPilot to the Element Registry 

To be able to administer CallPilot via System Manager, CallPilot must be registered with System 
Manager. 


Navigate to UCM Services - Elements- Select Add 


• Name: 

• Description: 

• Type: 


• CallPilot Manager address: 

• CallPilot server address: 

• Administrator mailbox number: 

• Administrator password: 


Specify the element name of the CallPilot, “CallPilot”. 

Specify the element description of the CallPilot, “CallPilot” 
Select the element type from the drop-down list. 

On the Add New Element page, click Next and then specify the 
following: 

Specify the FQDN or IP address of the CallPilot 
Manager, ”135.9.139.208”. 

Specify the FQDN or IP address of the CallPilot 
server., “135.9.146.55”. 

Specify the administrator mailbox number. “000000” 

Specify the administrator password. “123456” 


Click Save. 

Host Name: gmi-alphame-smgr.global2.avaya.com Software Version: 0 2.20_S 1 .1 GR-S NAP SH OT( 5167: User Name admi 

Add New Element 


Step 1 : Id e ntify the ne w eIement 

Enter a name and optional description. Depending on the selected element Type, additional steps may be required. 


Name: 


Callpilot 


(1-256 characters; 


Description 


Type: 


OallPilot] 


Callpilot Messaging v 
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Host Name: grni-alphame-srmgr.globalZavaya.com Software Version: O2.20_SMGR-SNAPSHOT(5167; 


Add New Element 

Step-2' I cl e ntify th e e I e m e nt 1 s m a n a g e m e nt s e rve r n yo u r n etwo rk. 


CallPilot Manager address: 

CalllPilot server address: 

Ad m i n i strato r m a i I fa ox n u m b e r: 
Ad m i n i strato r p a s s wo rd : 


135.9.139.208 


FQDN or IP address 


135.9.146.55 


FQDN or IF address 


008000 


8.2. Adding CallPilot certificate to System Manager 

Navigate to CallPilot Manager secure URL and save the .cer file to desktop. For the reference 
configuration this is “https://135.9.139.208/cpmgr”. 

Navigate on the System Manager Web Console, to Elements- Inventory - Manage Elements 

In the Elements section, select a managed element instance, “System Manager 6.2”. 

Select More Actions - Configure Trusted Certificates. 

The system displays the certificates that are currently installed on the managed 
Element selected. 

To add a CallPilot certificate, click Add. On the Add Trusted Certificate page, in the Select 
Store Type to add trusted certificate field, click All. 

To add the certificate, Import the certificate by selecting “Import from File”. 

Click “Commit”. 
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CaIIPilot Manager - Login ^Windows Internet Explorer. 



135.9.139.208 


File Edit View Favorites Tools Help 


Ik Favorites 


CallPilot Manager - Login 


> CALLPILOT MANAGER 



Certificate Invalid 


The security certificate pr 
website has errors. 



Certificate Error 


?nted by this 


This problem might indicate an attempt to 
fool you or intercept any data you send to 
the server. 


i a r 
■ < 


e recommend that you close this webpage. 
About certificate errors 


i r; 


CallPilot Manager - Login - Windows internet Explorer 



i? ■ .. 



135.9.139.208 


File Edit View Favorites Tools Help 


ik Favorites 


Certil cate 


General 


Show: 


Details 


Certification Path 


< All > 


iew certificates 





fjfld 

| Value 

A | 

r adfljhnl 

JrHIl Version 

V3 


^3] Serial number 

be b6 2e 5b 39 6F 50 98 4b 56 .. 


El Signature algorithm 

shalRSA 


El Issuer 

CallPilotWebServiceCert 


E Valid from 

Tuesday, July 24, 2007 10:21... 


g Valid to 

Monday, July 23, 2012 10:21:... 


g Subject 

CallPilotWebServiceCert 


g Public key 

RSA (1024 Bits) 

V 


Edit Properties... 


Copyto File... 


OK 
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Home /Elements / Inventory / Manage Elements 


Manage Elements 


Elements 


View Edit New 

More Actions ’ 







Configure Trusted Certificates. 





19 Items Refresh Show ALL v 

Configure Identity Certificated 
Import 





□ 

Name 

▼ 

Node 


Type 

Version 

De 

0 

System Manager 


localhoit 


System 

Manager 

6.2 



Home /Elements / Inventory / Manage Elements 


Add Trusted Certificate 


Select Store Type to add trusted certificate 



Import from existing 
® Import from file 

Import as PEM Certificate 
Import using TIS 



* Please select a file 


Browse... 


You must click the Retrieve certificate button and review the certificate details before you can continue. 


Retrieve Certificate 
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9. User Management 


This section describes the details for configuring Converged Users across the Communication 
Server 1000 and the Collaboration Pack using Element Manager and System Manager User 
Management. 

The Communication Address and Profile Extension number defined for Session Manager and 
Communication Manager will be a seven-digit number which is identical to corresponding 
Communication Server 1000 primary Directory Number and the route prefix. In the sample 
configuration, this would be “2352xx”. 

See Reference [18] in Section 12 for more information on bulk importing and synchronizing of 
existing CS1000 users identities into System Manager. 

The following assumes Midsize Enterprise template is configured as the Primary Security Server 
for the Unified Communications Management application and Communication Server 1000 is 
registered as a member of the System Manager Security framework. 

The following administration steps will be described: 

• Confirming users in Communication Server 1000 Element Manager 

• Create User Identities and Communication profiles for Session Manager and 
Communication Manager 

• Synchronize Communication Server 1000E Profile to User Identities in System Manager 

• Synchronize CallPilot to User Identities in System Manager 

• Create User Profile for Messaging (Call Pilot) 

• Add PCA and Presence Services to Communication Server 1000E User Communication 
profiles 

Note: Some administration screens have been abbreviated for clarity. 

9.1. Create User Identities and Communication Profiles in System 
Manager 

Communication Server 1000 users have been previously created on Communication Server 1000 
Element Manager, with the main endpoint phone TN/DN and CPND (First Name Last Name). 

For each Communication Server 1000 user defined in Element Manager a corresponding user 
identity must be added in System Manager. The First Name and Last Name of the user must 
match exactly on both Communication Server 1000 Element Manager and System Manager User 
Management. This is important for proper Presence synchronization as well as import 
synchronization for users of their Communication Server 1000 and CallPilot endpoint profile. 
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Access the web based GUI of Avaya Aura® System Manager by using the URL “http://<ip- 
address>/SMGR”, where <ip-address> is the IP address of Avaya Aura® System Manager. 
Login with the appropriate credentials. 

Navigate to UCM Services - Element Manager - Phone 

Example of a user defined in Element Manager for the sample configuration. Make note of the 
First Name and Last Name of the user. 


Managing: EM on cslknse-cppmi'135.9.139.2D6) 
Phones » Phone Details 


Phone Details 



General Properties | Features 1 Keys 1 User Fields 


General Properties 


Customer Number: 
Terminal Number: 


0 

* 




096 

0 00 00 


Keys 


Key No. 


Key Type 


SCR - Single Call Ringing 


Directory Number 




52001 


r 


First Name 

Last Name 

Display Format 

Language 

Jason 

Giambi 

First Last v 

Roman v 



CLID Entry (Numeric or D) 

0 

ANIE Entry 




NUL - Unassigned v 


There are several options for creating user identities in the User Profile Manager (UPM) of 
System Manager. See Reference [18] in Section 12 for further information. For the sample 
configuration, users were manually created in UPM. 

To create new users, on the web console for System Manager select User Management and then 
Manage Users from left navigation menu. 


Click New (not shown). Enter values for the following required attributes for a new user in the 
Identity section and use default values for remaining fields. 

• Last Name: Enter last name of user. 
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• First Name: 

• Login Name: 

Section 5.1. 

• Authentication Type: 

• Password: 

• Confirm Password: 

• Localized Display Name: 


Enter first name of user. 

Enter “handle” @<domain>” where “<domain>” 

matches the domain defined in 

Verify “Basic” is selected. 

Enter password used to log into System Manager. 
Repeat value entered above. 

Enter display name for user [Optional]. 


The screen below shows results from for a new user. 

The field names marked with an asterisk (*) are mandatory fields. Before you click 
Commit & Continue ensure that all the mandatory fields have valid information. 


Using the reference configuration, user Jason Giambi is created. 

New User Profile 


Commit 8; Continue 


Com 


Identity * 

tAt 

Communication Profile 

Membership 

Contacts 



Identity ▼ 



Next select the Communication Profile tab and enter the value the user will use to register to 
Session Manager in the Communication Profile Password and Confirm Password fields. 

Example: In the reference configuration, “2352001” is used as the password. 
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Verify there is a default entry identified as the Primary profile as shown below: 



Communication Profile Password: 

Confirm Password: 


New 


Done 


Cancel 


Name 

0 Primary 

Select : None 


* Name: Primary 
Default: 0 


Next, Expand the Communication Address sub-section and select New to define a 
Communication Address for the new user. Enter values for the following required attributes: 

• Type: Select “Avaya SIP” from drop-down menu. 

• Fully Qualified Address: Enter same extension number as used for Login 

Name in Step 1. 

Note: value is shown in Handle field after address is added. 

• Domain: Verify value matches Domain name defined in Section 4.1. 

Repeat for the following to add Communication Address types Avaya E.164. 

Note: The Avaya XMPP communication address is added automatically to the 
communication profile because Presence Services is enabled as part of the Avaya Midsize 
Enterprise template. 

Click Add (not shown) to save the Communication Address. The screen below shows the results. 


Communication Address ▼ 


New 


Edit 


Delete 


□ 

Type 

Handle 

Domain 

□ 

Avaya E.164 

+2352001 

us.global.avaya.com 

□ 

Avaya SIP 

2352001 

us.global.avaya.com 

□ 

Avaya XMPP 

jgiambi@pres.ips.avaya.com 
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Scroll down to the Session Manager Profile section and enter 0 to expand section. 


Enter the following values. 

• Primary Session Manager 

• Origination Application Sequence 

• Termination 
Application Sequence 

• Conference Factory Set 

• Survivability Server 

• Home Location 

The screen below shows the results. 


Select one of the Session Managers. 

Select Application Sequence defined 
for the Communication Manager (drop 
down available based on ME configuration). 

Select Application Sequence defined for 
the Communication Manager drop down 
available based on ME configuration). 
Retain the default value of “(None)”. 

Select “(None)” from drop-down menu. 
Select Location 


53 Session Manager Profile m 


* Primary Session Manager 


Secondary session Manager 


gm^alphame-sm * 


[None) 


Primary 

Secondary 

Maximum 

13 

0 

13 




Primary 

Secondary 

Maximum 


Origination Application Sequence 

gnm-alphame-cm 

V 


Termination Application Sequence 

gmi-a]phame-em 

V 






Conference Factory Set 
Survivability Server 
* Nome Location 


[None) v 
[None} 

Westminster v 


V 


Prior to creating the Communication Manager endpoint profile for each user a customized 
template is recommended to be created. There is no standard template for Flare Communicator 
or one-X Mobile based collaboration clients. Using the default 9641 SIP template a duplicate 
may be made which can then be used for creating the Communication Manager endpoint 
profiles. 

Navigate to Services - Templates - CM Endpoint. In the Endpoint Templates check the box 
for System Type and Software Version as CM 6.2. 
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Home /Services / Templates / CM End point 


Endpoint Templates 


Supported Feature Server Versions T 


5 Ite 

ms Refresh 

Filter Enable 

□ 

System Type 

5-Oftw-flri! V-erai-urt 

0 

CM 

5.2 

□ 

CM 

•S Ci 

□ 

CM 

5 - 

□ 

CM 

5. 1 

□ 

CM 

w 1 . — 

Select ; All, None 


In the following screen find the template, “DEFAULT_9641SIP_CM_6_2” and select the 
checkbox and the select the Duplicate button. 


Note: Edit and Delete operations are not allowed on Default Templates. 

Templates List 


Vis 


[ Ne. 1 . | j ^^^licate 


63 Items Refresh Show 

ALL V 








Filter: Enable 

[~1 Name 


Set Type 

- 

Owner 

Version 

Default 

System Type 

Software Version 

Last Modified 


□ 

□ 

□ 

n 


'AU.T_9641SIsCi 

FMJLT_9621SB>C< 

FAULT_S6USIPC< 


:_cm_6_ 

_CM_6_ 


0 


Z>E r AJ-T_S641SIP_CM_S_ 


□ DErAU.T_S€21SIP_CM_6_ 

□ t>EFAULT_S611StP_CM_6_ 




rS.lS:-.. 


rt'Ilb.- w- 




nbe- 30, 2011 6:45:21 PM 
me- 30. 2C11 6:45:21 PM 
tie- 20. 2011 6:46:00 PM 
me- 20. 2011 5:46:2? PM 
me- 20. 2011 6:46:25 PM 
ice- 20. 2011 5:46:05 PM 
me- 20. 2011 5:45: 25 PM 


In the next screen, Duplicate Endpoint Template, enter in a name for the New Template 
Name, for the reference configuration, “Flare_one-X_SIP”. Proceed to only check the box for 
“IP Softphone”. Select Commit to save the new template. 
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Home /Services / Templates / CM Endpoint 


Duplicate Endpoint Template _ 

Commit 


Template Name 






* Set Type 

9641SIP V 




* New Template Name Flare_one-X_SIP 

System Type 





DOTtwlrfi version 

General Options (G) * * Feature Options fF) 

Site Data (S) 

Abbreviated Call Dialing (A) 

Enhanced Call Fwd fEj 

Button Assignment 

;b; 


Active Station Ringing 

MWI Served User Type 

Per Station CPN - Send Calling Number 

IP Phone Group ID 

Remote Soft Phone Emergency Calls 

LWC Reception 

AUDIX Name 

EC500 State 

Short/Prefixed Registration Allowed 

■ Features - 

□ Always Use 

□ IP Audio Hairpinning 

□ Bridged Call Alerting 

□ Eridged Idle Line Preference 
0 Coverage Message Retrieval 



Auto Answer 

Coverage After Forwarding 

Display Language 

Hunt-to Station 

Loss Group 

Survivable COR 

Time of Day Lock Table 

Voice Mail Number 

□ Idle Appearance Preference 
^EM^oftPhon^^ 

^^^^w^^ct?vat!o!i 

□ CDR Privacy 

0 Precedence Call Waiting 



Navigate back to User Management Users, and then for each user profile: 

Scroll down to the CM Endpoint Profile section and enter 0 to expand section. 

Enter the following values and use defaults for remaining fields. 

• System Select Managed Element defined for 

Communication Manager 

• Profile Type Select “Endpoint”. 

• Use Existing Endpoints Leave unchecked to automatically create new endpoint 

when a new user is created. 

• Extension Enter same extension number used for Login Name in 

Step 1. 

• Template Select the template named “Flare_one-X_SIP” 

• Security Code Enter numeric value used to register the SIP endpoint. 

Note: this field should match the value entered for the Communication Profile Password 
above, example “2352001” 

• Port Select “IP” from drop down menu. 

• Voice Mail Number Leave field blank. 

• Delete Station on Unassign of Endpoint Enter 0 to automatically delete station 
when Endpoint Profile is un-assigned from user [Optional]. 

The screen below shows the results from above when adding a new SIP user in the reference 
configuration. 
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0 CM Endpoint Profile 


* System gmii-alphame-cm v 


* Profile Type Endpoint v 


Use Existing Endpoints 


* Extension 

* Template 

Set Type 
Security Code 
* Port 
Voice Mail! Number 
Preferred! Handle 


9641SIP 


0..ip 


Delete Endpoint on Unassign of p . 
Endpoint from User or on Delete User 


(None) R 


0. 2352001 

Endpoint Editor 


Flare_one-X_5IP 

V 


Override Endpoint Name 


Select the Commit & Continue button (not shown). 

9.2. Synchronize Communication Profiles 

System Manager provides the account synchronization feature to synchronize profile 
between Communication Server 1000 and CallPilot communication profile and their elements. 
Using this feature one can synchronize profiles in User Management with the profiles in the 
respective elements. During synchronization, the account synchronization feature uses the 
account data in the elements as the master data. Therefore, when a profile data is not in 
synchronization with the element, the account data from the element is copied to System 
Manager. 


9.2.1. Communication Server 1000 

This will import and synchronize all Communication Server 1000 users into their previously 
created System Manager Identity Communication Server 1000 Endpoint Profiles by matching 
each user (by Firstname and Lastname). 

Note: A key part of this synchronization is to populate the PSID into each CS1000 user’s phone 
in Element Manager. For the reference configuration example, Jason Giambi, “jgiambi”, see the 
screen capture below. The field is cannot be edited manually, only thru the following 
synchronization process. 
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Features 


e r "i is 


\ey Expa ns an ,1 m j ss : 


CSC c cc cc 


GVI 



L~J 

' f 

l"j 

l'j 

ml. 

* 



o V 



^ 1-6 cfQiisd£ir& 



RflDA 


J .ed 'eaten by Day 


5 «j&: 


IIpUID Presence Ihqje Use' 1C 

Jglamy 

1 



Dened 


IS 


After building the user identities, perform an on demand synchronization. Navigate to Elements 
Inventory -> Synchronization Communication Server 1000 and CallPilot Synchronization. 

Select the row associated with the Communication Server 1000. Use the Start button to initiate 
the synchronization process. Use the Refresh button in the table header to verify status of the 
synchronization. 


Home /Elements / Inventory / CS lOOO and CallPilot Synchronization 


Synchronize Communication Profiles 

Communication Profile Synchronization synchronizes profiles in User Management with profiles in the elements 
in the list below, and click Start to begin the synchronization process. 

Note: This process can take a long time to run. 

Sy nc h ron i zati on P roc ess: Idle 


Start 


Stop 


Clear 


Reload 






□ 

Element* 

Status 

Date 

Summary (click to resolve anonymous profiles] 

i 0 

EM on cslknse-cppm 

PASS 

Thu Apr 12 16:20:17 MDT2012 

2 anonvmous 1 added 23 d rofilets': processed 


Prim Rs fresh 

. Select one or more elements. 


The above synchronization process will add the CS 1000 Endpoint Profile to System Manager 
for each user name match. 

The following is the CS 1000 Endpoint Profile for an example for the reference configuration. 
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0CS 1000 Endpoint Profile I 


* System EM on cs lkn se-cppm 
* Target CustomerQ 

* Template 
Service Details 

Update 

Include in Corporate Directory 


DN=52001(Marp 

TYPE=1120 


td), TN=Q96 0 00 00, 


□ 


9.2.2. CallPilot 

Next, perform an on demand synchronization to import CallPilot endpoint data to System Manager based 
on matching user identity data in UPM. Navigate to Elements Inventory Synchronization 
Communication Server 1000 and CallPilot Synchronization. 

Select the row associated with the CallPilot. Use the Start button to initiate the synchronization 
process. Use the Refresh button in the table header to verify status of the synchronization. 


-Home /Elements / Inventory / CS 1000 and CallPilot Synchronization 


Synchronize Communication Profiles 


Print Refresh 


Communication Profile Synchronization synchronizes profiles in User Management with profiles in the elements. Select one or more elements, 
in the list below, and click Start to begin the synchronization process. 

Note: This process can take a long time to run. 

Sy nc h ron i zati on P roc es s: Jd I e 


Start 


Stop 


Clear 


Reload 


□ 

Element^ 

Status 

Date 

S um ma ry (click to reso 1 ve an ony m olis profiles) 

1 0 

CallPilot 

PASS 

Thu Apr 26 12:41:51 MDT2012 

9 updated 9 profile(s) processed 


The above synchronization process will add the CallPilot Endpoint Profile to System Manager 
for each user name match. 

The following is the CallPilot Endpoint Profile for an example for the reference configuration. 


9.3. Multiple Message Waiting Indication (MWI) for Collaboration 

In support of the Converged User, specifically a single voicemail box, the existing CallPilot must 
be configured to send Message Waiting Indication (MWI) to the Avaya SIP endpoint. For the 
reference configuration this would be the one of the collaboration clients, one-X Mobile SIP for 
iOS as the Flare Communicator for iPad does not support MWI at this time. 

Note: The assumption is the CallPilot mailboxes already exist for each Communication Server 
1000 user. If not please refer to Reference [17] in Section 12. 
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To access CallPilot Manager please refer to the respect documentation as listed in the reference 
above. To enable the MWI for the twinned Avaya one-X Mobile SIP client enter in the MWI 
DN #2 as “2352xx”, as an example with the reference configuration this would be “2352001”. 
The result is captured in the screen shot below. The user’s twinned Communication Server 1000 
client endpoint MWI DN#1 is “52001” 


AVAyA 


CALLPILOT MANAGER 


LDAP server bvwcpC2 | Mailbox Number: 5080 


Home User ▼ System ▼ Maintenance ▼ Messaging ▼ Tools ▼ Help ▼ 


L:catior ^ ^ A.oo Jse- * » Exc r e=s Lser A;; ^ Advanced use-Aoo 


Advanced User Add 


Add Cancel Express User Add... Help 


Times are displayed based o 


Advanced Add 


Template Name Regular User Template 


Shared Distribution List None 


General 


First Name* 
Initial(s) 
Last Name* 
Comments 

Title 


Jason 


Giambi 


[ 

Department 


Admin 


Administration Type No Administration Rights 


Mailbox 


Mailbox Number* 
Mailbox Class 


52001 


CallPilot Level 1 


Class Details 


Language English(American) 

Location Name 


Belleville v 


Mailbox File System Volume ID 


Auto Distribution v 


Linked to external Directory Not linked Link... 


"DNs 


‘'A 


Mailbox Shares DN: □ 
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9.4. Personal Call Assistant Configuration (PCA) 

The PCA feature is utilized to enable the twinning of a Communication Server 1000 with an 
Avaya SIP endpoint (Avaya Aura® Flare Communicator or one-X Mobile Client) so that a 
“Converged User” may have simultaneous ringing, single number, single voicemail box and 
aggregated Presence. 

To achieve the simultaneous ringing a corresponding PCA must be configured per Converged 
User. When the Communication Server client endpoint receives an incoming call, the PCA sends 
call signaling to the Avaya client endpoint via a Communication Server SIP trunk to the Session 
Manager to effectively “simultaneously ring” the Converged User’s Avaya client endpoint. 

The following steps are required to enable this per user, refer to Reference [6] in Section 12 for 
further details. 

1. Ensure PCA is enabled in the Communication Server 1000 Customer Data Block (not 
shown). 

2. Configure a PCA for every Communication Server 1000 phone user 

a. The PCA shares the same primary DN on key 0, as the Communication Server 
1000 endpoint client. 

b. Configure key 0 as the Primary DN. 

c. Configure key 1 as HOT P key, with the AC2 target route prefix and DN as 
required to reach the twinned Avaya client endpoint. 


Navigate to UCM - Element Manager - Phones. Search for the Prime DN that a PCA is to be 
added to. For the reference configuration example “52001” was used. Next, select the Add 
button. 


Vanag ng EI.1 sn is5lTnE€-iippm:f 35.3.1 33.2-35I 
Search for Phone 


Search For Phones 


Prime DN 

V 

Value: 

him 


Phones Found (2j 




| Add... | 1 

mport... 

Retrieve... 

| Delete | 

< More Actions;: v 



TM_* 


Prime DN 

Designator 

Phone Tyre 

Te 

□ 

Q 


OS60* cc 


52001 

■i'.j i 

il I 

114 : 



For Phone Type select PCA-Personal Call Assistant from the drop down menu. Next either 
enter in the TN or select box (as in this case) to Automatically assign TN starting TN. Select 
the Preview button. 
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'.’3-33 "3 EM on cs1kn5e-cpcwn(135.9.139.2061 
Ptiones»New Ptiooes 


New Phones 



of phones 




Type 


J _ * (1-100} 

V3XI-U-1 v*3 IE' AtOS-CSTt OWSC t; : 63 



O Template 
O Copy F'om TN 





1 1 

III 

di 

11 

< 

O 

11 

a Can Ass stant v 








E-tons □ Default va ue for DES 

Default va -'or ZONE 
Only app caoe to Pprcre types 
Default va -e *'or Node Id 



Auto-iat ;a y 35=gn DN 
sta-tng DN 


* :i-6cra-ae»rs 



Auto-iat i-3 y 3=5gn ADD Pos ton ID 

stan ng ADD = os ton ID 

Automates y add costfac to Sl = Use- Na-rs 

stanng SP Use- Postfoc 

Only appcaoe to -EXT-SPt. prone types 

Automatics y 355 gn UADN 

stanng UADN 

Cor. app. caoe to wEXT-S pu prone t.pes 



The following screen will require input to Customer Number and Designation. For the 
reference configuration, Customer Number is “0” and Designation is “Collab”. 


'■‘5 , i. 5 3 ng E’.i on E5lknEE-sppmH35.9.139.2-3^I 

Phones® New - fione= 0 - hone Cels e 


Phone Details 



General Proteges 1 Features 1 -<ev= 1 

KUser Feds 

General Properties 



C j£to"ie r N ainber: 
Te rn n na Number: 



Q 


Dee gnat on: 



■ 1-6 cfaracSHt 


On the same screen, under Keys, for Key 0 select “MCR-Multiple Call Ringing”, for 
Directory Number enter “52001”, Key 1 select “Hot_P-Hotline (PCA)”. The Target DN 
Length is “7” and the Target DN is “2352001”. 
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| 
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1 


1 
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□ Mjrtic e Ac:e3'3" Re: 
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J 350*1 
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Select Commit (not shown) to save changes. 

9.5. Manual Configuration of Avaya SIP Clients 

This section defines the steps to manually configure Avaya Flare Communicator on iPad and 
Avaya one-X Mobile for SIP iOS running on iPhone/iPod to register to Session Manager. 


9.5.1. Avaya Flare® Communicator on iPad 

Refer to Reference [19] to [21] in Section 12 on how to obtain, install and configure this client. 
For the reference configuration, Server is the Session Manager asset “135.9.146.133” and the 
Session Manager Domain “us.global.avaya.com”. For Presence Server the IP address is 

“135.9.146.134”, 

For the reference configuration the setting for an external LDAP server for the Enterprise 
Search Server is “135.9.146.149”. SSL is “OFF”, Username “global2\flaretest”, Password is 
“password “and Search Root is “dc=globaI2,dc=avaya,dc=com” 
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iPad ^ E3U 


11:59 PM 


61 % @3 



I «■ X 

Settings Done 1 aii contacts 


Service 


Server 

135.9.146.133 

Domain 

us.global.avaya.com 

Presence 

Server 

135.9.146.134 

Enterprise Search 

Server 

135.9.146.149 

Use SSL 

( OFF^ 

Username 

global2\flaretest 


Search Root 

dc=global2,dc=avaya,dc=com 


Dialing Rules 




To login the user must provide the required login credentials, Extension and Password. As an 
example for the reference configuration, Extension is “2352001” and Password “2352001” 
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With the login step completed, the user is ready to make and receive calls, watch the Presence of 
buddies as well as IM with them. 



9.5.2. Avaya one-X Mobile SIP for iOS on iPhone 

Refer to Reference [22] and [23] in Section 12 on how to install and configure this client. 

For the reference configuration, Server is the Session Manager asset “135.9.146.133”, TLS is 
“On”. Port is “5061”. 
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^ RO«HS ? 134-13S 20 231 4SISO* 



AVAyA SS5' X 

Avaya one-X® Mobile SIP Communicator 
helps you to manage your telephonic 
communication tasks by providing you 
with simple, intuitive access to all of your 
contacts and features of a desk phone in a 
simple soft phone. 


Set-up Account > 


Learn More... > 



The Extension for this example reference configuration is “2352001” the Session Manager 

Domain “us.global.avaya.com”. The configuration URL used was “http:// 
135.20.246.990/Config/iOS/config.plist”. Upon completion select the get started button. 




Enter the details of your SIP telephony 
account. 


Extension 2352001 


Do m ai n us. global. avaya. co m 


Password « 


Please enter the configuration URL 


http ://135.20.246,90/Conl ig/i OS/cc nf ig.plist 


next 


get started 

L j \ 
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The screen shot below is a capture of the example reference logged in and the mail icon (MWI) 
in the upper right hand corner indicating that there is a voicemail for this user. 
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10. Verification Steps 

10.1. Verify Operational Status 


10.1.1. Verify Avaya Aura® Session Manager Operational Status 

Navigate to Elements Session Manager -> Dashboard (not shown) to verify the overall 
system status for Session Manager. 

Specifically, verify the status 

• Tests Pass 

• Security Module 

• Service State 


of the following fields as shown below: 

✓ 

Up 

Accept New Service 


Home /Elements / Session Manager / Dashboard 


Help ? 

Session Manager Dashboard 

This page provides the overall status and health summary of each administered Session Manager. 

Session Manager Instances 


Service State ,r 


Shutdown System ^ 


As of 4:03 PM 


1 Item Refresh Sf 

low ALL 

V 

Filter: Enable 


□ 

Session 

Manager 

Type 

Alarms 

Tests 

Pass 

Security 

Module 

Service 

State 

Entity 

Monitoring 

Active 

Call 

Count 

Registrations 

Data 

Replication 

Version 

□ 

gwi- Accept 

alphame- Core O/O/O Up New 0/5 

sm Service 

0 5/7 ✓ 6.2.0.0.620120 


Navigate to Elements Session Manager System Status Security Module Status (not 
shown) to view more detailed status information on the status of Security Module for the specific 
Session Manager. Verify the Status column displays “Up” as shown below. 


Home /Elements / Session Manager / System Status / Security Module Status 


Help ? 

Security Module Status 

This page allows you to view the status of each Session Manager's Security Module and to perform certain actions. 


Reset 


Synchronize 


Certificate Management 


Connection Status 


1 Item Refresh 



Show ALL 

V 


Filter: Enable 




Details 

Session 

Manager 

Typi 


Status 


ionnections 

IP Address 

VLAN 

Default 

Gateway 

Entity Links certificate 

NIC Bonding (expected / .. . 

actual) USe ° 

gmi- 

O Show alphame- SM 

sm 

Up 

7 135.9.146.133/24 — 135.9.146.254 Disabled 6/6 Customer 
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10.1.2. Verify SIP Entity Link Status 

Navigate to Elements - Session Manager - System Status - SIP Entity Monitoring (not 
shown) to view more detailed status information for one of the SIP Entity Links. 

Select the each SIP Entity from the All Monitored SIP Entities table (not shown) to open the 
SIP Entity, Entity Link Connection Status page for each SIP entity. 

In each of the All Entity Links to SIP Entity table for each: CSlOOO-Node 1006 gmi- 
alphame-cm and gmi-alphame-ps, verify the Conn. Status for the link is “Up” as shown 
below. 


Home /Elements / Session Manager / System Status / SIP Entity Monitoring 


Help ? 

SIP Entity, Entity Link Connection Status 

This page displays detailed connection status for all entity links from all Session Manager instances to a single SIP entity. 

All Entity Links to SIP Entity: CS1000Nodel006 


Summary View 


2 Items 

Refresh 






Filter: E 

Details 

Session Manager Name 

SIP Entity Resolved IP 

Port 

Proto. 

Conn. Status 

Reason Code 


Link Status 

Show 

ami-alphame-sm 

135.9.146.54 

5060 

TCP 

Up 

200 OK 


Up 

Show 

ami-alphame-sm 

135.9.146.54 

5061 

TLS 

Up 

200 OK 


Up 


All Entity Links to SIP Entity: gmi-alphame-cm 


Summary View 


1 Item Refresh 


Filter: Enable 

Details 

Session Manager Name 

SIP Entity Resolved IP 

Port 

Proto. 

Conn. Status 


Reason Code 

Link Status 

Show ami-alphame-sm 135.9.146.130 5060 TCP 

Up 

200 OK Up 


All Entity Links to SIP Entity: gmi-alphame-pres 


Summary View 


1 Item Refresh 

Filter: Enabh 

3 

Details 

Session Manager Name 

SIP Entity Resolved IP 

Port 

Proto. 

Conn. Status 

Reason Code 

Link Status 


Show 

ami-alphame-sm 

135.9.146.134 

5061 

TLS 

Up 

400 Missing From URI 

Up 



10.1.3. Verify Registrations of SIP Endpoints 

Navigate to Elements - Session Manager - System Status - User Registrations to verify the 
SIP endpoints have successfully registered with both Session Managers. 

The screen below shows for the reference configuration the example user Jason Giambi is 
successfully registered with the Session Manager. 
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Home /Elements / Session Manager / System Status / User Registrations 


Help ? 

User (Registrations 

Select rows to send notifications to AST devices. Click on Details column for complete registration status. 


Customize * 


AST Device 
Notifications: 


Reboot 


Reload - 


Fallback 


As of 10:54 AM 


Advanced Search ► 


17 Items Refresh Show 

ALL v 

Filter: Enable 












Registered 

□ 

Details 

Address 


Login Name 

First Name 

Last Name 

Location 

IP Address 

AST Device 














Prim 

Sec Surv 

n 












n n 

1_1 

□ 

Show 

2352001@us.global.avaya.com 

jgiambi@us.global.avaya.com 

Jason 

Giambi 

Westminster 

135.105.5.89:5061 

0 

0 (AC) 

] □ 

] □ 

□ 

Show 

— 



jmoyer@us.global.avaya.com 

Jamie 

Moyer 

Westminster 

— 

LI 

U 

□ 

□ 
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11. Conclusion 

This Application Note describes the configuration and test results for the Collaboration Pack 
initial offer. The Collaboration Pack is made up of the Avaya Aura® Midsize Enterprise solution 
Release 6.2 and Avaya Communication Server 1000 Release 7.5. The solution enables a 
traditional Communication Server 1000 client to be twinned with a collaboration client such as 
the Flare Communicator for iPad and the one-X Mobile - this creates a “Converged User”. This 
capability provides a Communication Server 1000 user to leverage Unified Collaboration 
capabilities of the Avaya Aura® Midsize Enterprise solution. 

Further Application Notes will be published as additional capabilities are tested and documented 
with the “Collaboration Pack for CS 1000”. 
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12. Additional References 

The following documentation may be obtained from http://support.avaya.com . 


1. ME Intelligent Workbook 

2. Overview of Avaya Aura® Solution for Midsize Enterprise, Release 6.2, Issue 2.2, April 
2012 

3. Implementing AA solution for Midsize Enterprise Template Release 6.2, Issue 4, April 
2012 

4. Installation and Upgrades for the Avaya G430 Branch Gateway, Release 6.1, 03-603233, 
Issue 5, February 2012 

5. Network Routing Service Fundamentals Avaya Communication Server 1000, Release 
7.5, NN43001-130, 03.10, September 2011 

6. IP Peer Networking Installation and Commissioning, Release 7.5, Document Number 
NN43001-313, 

7. Unified Communications Management Common Services Fundamentals, Avaya 
Communication Server 1000E Release 7.5, Document Number NN43001-116, 
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13. Change History 


Issue 
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1.0 

13/6/2012 
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